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Description

Field of the invention

[0001] The invention relates to a method for combining
a first digital data set of samples with a first size and a
second digital data set of samples with a second size
into a third digital data set of samples with a third size
smaller than a sum of the first size and the second size.

Background art

[0002] US5974380 discloses a sub-band audio coder
which employs perfect/non-perfect reconstruction filters,
predictive/non-predictive subband encoding, transient
analysis, and psycho-acoustic/minimum mean-square-
error (MMSE) bit allocation over time, frequency and the
multiple audio channels to encode/decode a data stream
to generate high fidelity reconstructed audio.
[0003] GB2345233 discloses a system for encoding
multiple digital audio signals of a surround sound system,
for distribution or recording interleaves the channels so
as to give two output bit streams. The unfiltered but de-
layed channels are combined at to provide one bit stream.
The other bit stream is provided by low pass filtering
channels and combining them with the delayed channel.
The channel 6 may be combined, after low pass filtering,
with either or both outputs and may be carried as allo-
cated user bits in a channel or as least significant bits of
a channel. The channel 3 may alternatively be combined
with the channels 1 and 2. The bit streams may be de-
coded by reverse processes.
[0004] US5631848 discloses a data processing sys-
tem which comprises a microprocessor host coupled to
a decoding system. A host interface block receives a bit
stream and passes bit stream on to a system decoder
block. The system decoder block extracts the appropriate
data from the bit stream and loads an input buffer or an
optional external buffer. An audio decoder block retrieves
the data from the input buffer and generates scale factor
indices, bit per code word values and sub-band samples
which are stored in an arithmetic unit buffer.
[0005] A method as described in the field of the inven-
tion is known from EP1592008 where a method for mixing
two digital data sets into a third digital data set is dis-
closed. In order to fit two digital data sets into a single
digital data set with a size smaller than the sum of the
sizes of the two digital data sets, a reduction of informa-
tion in the two digital data sets is required. EP1592008
achieves this reduction in defining an interpolation at
samples between a first set of predefined positions in the
first digital data set and at a non-coinciding set of samples
between predefined positions in the second digital data
set. The value of the samples between the predefined
positions of the digital data sets is set to the interpolation
value.
[0006] After performing this reduction in information in
the two digital data sets, each sample of the first digital

data set is summed with the corresponding sample of
the second digital data set. This results in a third digital
data set comprising the summed samples. This summa-
tion of samples together with known relationship of the
offset between the predefined positions between the first
digital data set and the second digital data set allows the
recovery of the first digital data set and the second digital
data set, albeit only with the interpolated samples be-
tween the predefined positions. When the method of EP
1592008 is used for audio streams this interpolation is
not noticeable and the third digital data set can be played
as a mixed representation of the two digital data sets
comprised. In order to enable the retrieval of the first and
second digital data set with the interpolated samples, a
start value for both the first and second digital data set
must be know and hence these two values are also stored
during mixing to allow a later unraveling of the two digital
data sets from the third digital data set.
[0007] The method of EP1592008 has the disadvan-
tage that it requires intensive processing on the encoding
side.

Summary of the invention

[0008] It is the objective of the present invention to re-
duce the processing required on the encoding side.
In order to achieve this objective the method of the
present invention comprises the steps of:

- equating a first subset of samples of the first digital
data set to neighboring samples of a second subset
of samples of the first digital data set where the first
subset of samples and the second subset of samples
are interleaved,

- equating a third subset of samples of the second
digital data set to neighboring samples of a fourth
subset of samples of the second digital data set
where the third subset of samples and the fourth sub-
set of samples are interleaved,

- creating the samples of the third digital data set by
adding the samples of the first digital data set to the
in the time domain corresponding samples of the
second digital data set,

- embedding a first seed sample of the first digital data
set and a second seed sample of the second digital
data set in the third digital data set.

[0009] By replacing the interpolation step from the
method of EP1592008 with a step where the values be-
tween the predefined positions are set to the value of an
adjacent sample the processing intensity is greatly re-
duced at the encoding side. The resulting signal still al-
lows the unraveling (i.e. extraction) of the two digital data
sets from the third digital data set. The third digital data
set, when combining two digital audio streams into a sin-
gle digital audio stream, is still a good mono representa-
tion of the two combined digital audio streams.
The invention is based on the realization that the inter-
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polation is unnecessary on the encoding side since it can
equally well be performed on the decoding side as the
present method of combining and unraveling leaves the
samples of the first and second digital data set at their
respective predefined positions intact and retrievable,
thus allowing the interpolation of the samples between
the intact samples after the decoding of the third digital
data set. The third digital data set of the present inven-
tion’s independent claim differs from the third digital data
set of EP1592008 in that typically a larger error exist be-
tween a true summation of the first and second digital
data sets and the third digital data set in the case of the
present invention.
[0010] Equating a first subset of samples of the first
digital data set to neighboring samples of a second sub-
set of samples of the first digital data set where the first
subset of samples and the second subset of samples are
interleaved, realizes an easily executed reduction in the
information in the first digital data set.
Equating a third subset of samples of the second digital
data set to neighboring samples of a fourth subset of
samples of the second digital data set where the third
subset of samples and the fourth subset of samples are
interleaved, realizes an easily executed reduction in the
information in the second digital data set.
By making original values from the first and second digital
data set available, where the original values can function
as a seed value, and assuring that the second and fourth
subset are interleaved as well, the first and second digital
data sets can be retrieved from the third digital data set
in the state where the first subset of samples of the first
digital data set were equated to neighboring samples of
a second subset of samples of the first digital data set
and the third subset of samples of the second digital data
set to neighboring samples of a fourth subset of samples
of the second digital data set. Once the first and second
digital data set have been retrieved in this state, interpo-
lation or filtering can be used to restore as accurately as
possible the original values of the first subset of samples
of the first digital data stream and the third subset of sam-
ples from the second digital data stream. Hence the meth-
od combining a first digital data stream and a second
digital data stream into a third digital data stream allows
the retrieval with high precision of the second and fourth
subset of samples and the reconstruction of the first and
third subset of values and the step of interpolation can
be performed, if required, during decoding.
[0011] The end user device comprising the decoder
can decide what level of quality the reconstruction
achieves since the interpolation can be selected and per-
formed by the decoder instead of being prescribed by
the encoder.
[0012] By not imposing any interpolation of the first and
second digital data set but including an error approxima-
tion hidden in the least significant bits of the third digital
data stream, an advantage is achieved in that the decod-
ing step is free to choose what reconstruction is to be
applied. However, when the error approximation was al-

so used during the composition of the 3rd digital set (being
the mix of samples from a 1st and 2nd digital set including
the approximated errors), the error approximation values
hidden in the least significant bits, have to be used as
well during the decoding process in order to perform the
reconstruction of the original digital data sets, i.e. original
digital audio channels.
[0013] The reconstruction during the decoding can be
chosen to use the error approximation as stored in the
least significant bits and to perform linear interpolation
between the samples values at the predefined positions
since these are fully retrievable except for the loss of the
information in the least significant bits. Thus the coding
and decoding system can be used more flexible.
[0014] The encoding can either just minimize process-
ing and merge the first and second digital data stream
into the third digital data stream without adding the error
approximation and just setting the values of the samples
between the predetermined positions to the value of ad-
jacent samples, or the error approximation can be se-
lected from a limited set of error approximations and add-
ed to the least significant bits of the third digital data set.
[0015] In an embodiment of the method the first digital
data set represents a first audio signal and the second
digital data set represents a second audio signal.
By applying the present invention to audio signals it is
not only achieved that the first and second audio signal
can be retrieved with an acceptable accuracy but that
the resulting combined audio signal as represented by
the third digital data set is a perceptibly acceptable rep-
resentation of the first audio signal when mixed with the
second audio signal. It is thus achieved that the resulting
third digital data set can be properly reproduced on equip-
ment not capable of extracting the first or second digital
audio signal from the third digital data set, while equip-
ment capable of performing the extraction can extract
the first and second audio signal for separate reproduc-
tion or further processing. When more than two audio
signals are combined, i.e. mixed, using this invention, it
is also possible to extract only one of the audio signals,
leaving the other audio signals combined. These remain-
ing audio signals still yield a reproducible audio signal
representing the mix of the still combined audio signals,
while the extracted audio signal can be processed by
itself.
[0016] As a tool to the recording engineers - a real time
emulation of the mixing of pairs of audio channels into
single channels is possible. This will create and audio
output, during record editing as a part of the authoring
process, which will represent the minimum guaranteed
quality of the final mixing process as well as a minimum
quality of the un-mixed or decoded channels. Once a
basic set of AURO-phonic multi channel PCM data is
created, additional encoding parameters to increase the
quality of the mixed signals, may be computed off-line,
removing the need for real-time processing.
[0017] In a further embodiment of the method the first
seed sample is the first sample of the first digital data set
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and the second seed sample is the second sample of the
second digital data set.
Selecting seed samples for the unraveling near the start
of the digital data set allows the start of the unraveling of
the first and second digital data set to start as soon as
the third digital data set is started to be read. The seed
samples could also be embedded, i.e. located, further
into the third digital data set so that a recursive approach
would be needed to unravel the samples located before
the seed samples. Selecting seed samples from the orig-
inal digital data set at, or prior to, the beginning of that
set simplifies the unraveling process to retrieve the first
and second digital data set.
In a further embodiment of the method the first seed sam-
ple and the second seed sample are embedded in lower
significant bits of the samples of the third digital data set.
By embedding the seed values in the lower significant
bits of samples, the affected samples will deviate only
slightly from the original values, which has been found
to be virtually imperceptible as only few seed values need
to be stored and as such only few samples are being
affected. In additional the selection of the lower signifi-
cant bits ensures that only small deviations can occur.
Even when the least significant bits of all samples are
used to embed data, this deviation is not or hardly per-
ceivable because the least significant bits are removed
from the sample and this turns out to be hardly
noticeable .
[0018] This removal of least significant bits from the
samples reduces the space required to store the digital
data set in which these samples are comprised, and thus
frees up more space on the record carrier or in the trans-
mission channel or allows the embedding of additional
data such as for control purposes.
The un-mixing of the PCM samples using the basic meth-
od of the present invention may result in errors, when a
read error occurs when reading from the additional data
encoded in the lower significant bits of the PCM samples
or even as the part of the higher significant bits of the
PCM samples used for audio. The nature of this un-
raveling process is such that these errors -related to one
(audio/data) sample - will effect the un-mixing operation
of the subsequent samples. However, for optimized use
of the auxiliary data area for additional data in the PCM
stream, where the advanced encoding will use this aux-
iliary data area to store (sample frequency reduction) er-
rors, and having all this correction data compressed, a
CRC checksum will be added at the end of a data block
to enable the decoder to verify the integrity of all data in
such a block. By storing seed values at regular intervals,
the effects caused by errors in the audio samples can be
limited. When an error occurs, the error will only propa-
gate until the next position for which seed values are
known since at that point the unraveling process can be
reinitiated, effectively terminating the error propagation.
In addition, when a data error occurs in the seed values
stored in the auxiliary data area of the lower significant
bits, the unraveling based on those bad seed values will

be erroneous, but only up until the next position for which
seed values are known since at that point the unraveling
process can be reinitiated.
By storing additional data in the auxiliary data area in the
lower significant bits of the samples, the present inven-
tion the mixing or ’multiplexing’ of the mixed audio data
(the higher precision bits) and the encoding/decoding da-
ta (typical 2,4 or 6 bits per sample does not require any
extra recording space other than the (already available)
24 bits per sample in case of BLU-Ray DVD or HD-DVD,
and also that it does not require any extra information
from the ’navigation’ of the data on the disc (e.g. no time
stamps of a chapter or stream are required). As such, no
changes in the control of the disc reading (as implement-
ed by the embedded software of the DVD players) are
required. Further no changes nor additions to the stand-
ard of these new media formats are needed in order to
use this invention. Furthermore the reduction of the audio
sample bit resolution and the storage of the audio decod-
ing/encoding data into the least significant bits will be
such that no audible artifacts are detected by users during
normal playback with a device or system (e.g. HD-DVD
or BLU-Ray DVD players) not implementing the decoding
algorithms.
In a further embodiment of the method a synchronizing
pattern is embedded at a position defined relative to a
location of the first seed sample.
A synchronizing pattern is embedded to allow the retriev-
al of the first seed sample because when the synchroni-
zation pattern is detected the location of the first seed
sample is known. This can also be applied to locate the
second seed sample. The synchronizing pattern can be
further improved by repeating the synchronizing pattern
at regular intervals so that a flywheel detection can be
employed to reliably detect the synchronizing pattern.
This divides the storage of data in the lower significant
bits into blocks which allows block by block processing
to be applied.
In a further embodiment of the method previous to the
step of equating samples, an error, resulting from the
equation of the sample, is approximated by selecting an
error approximation from a set of error approximations.
The step of equating samples is very easy to execute
during the combining of the first and second digital data
set but also introduces an error.
In order to reduce this error an error value is established
which is selected form a limited set of error approxima-
tions to choose from.
This limited set of error approximations allows the reduc-
tion of the error while at the same time space is being
saved since the error approximations can only be select-
ed from a limited set which can be represented with less
bits that the actual error encountered during the step of
equating. The indexes to the error approximations re-
quires per sample less bits then the number of bits freed
up during the encoding process... This is important to
guarantee the compressibility of the data. This saved
space allows the embedding of additional information
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such as the synchronizing patterns and seed samples.
A sampling frequency reduction from 96 kHz to 48 kHz
or from 192 kHz to 96 kHz may become an issue since
higher sampling rates were introduced with the objective
to re-create audio where not only sampling rate as such
but mainly phase information was required in much more
detail compared to Compact Disc audio recordings for
high fidelity audio reproduction.
The errors due to the sample frequency reduction and
the correction data (error approximations) to eliminate
these errors (as much as possible) can be the result of
an optimization algorithm, where the optimization criteria
can be defined as a minimum sum of squared errors or
may even include criteria based on perceptual audio tar-
gets.
[0019] In a further embodiment of the method after the
error approximation has been established for a sample,
the value of the neighboring sample to which the sample
is to be equated is modified such that the sample when
reconstructing the sample from the equated sample in-
cluding the error approximation more closely represents
the sample before equating. The error can be further re-
duced if needed by modifying the value of an adjacent
sample so that when the sample is equated to the adja-
cent sample the combination of the adjacent value and
the error approximation more accurately represents the
original sample value before performing the equating to
it’s neighbor.
[0020] In a further embodiment of the method the set
of error approximations is indexed and an index repre-
senting the error approximation is embedded in the sam-
ples to which the error approximation correspond.
In a further embodiment of the method the samples are
divided in blocks and the index is embedded in the sam-
ples in a first block preceding a second block comprising
the samples to which the index corresponds.
A further reduction in size of the error approximation is
achieved by indexing a limited set of error approximation
and only storing the appropriate index in the lower sig-
nificant bits of samples of the third digital data set pre-
ceding the samples to which they correspond. By em-
bedding the index in samples of a preceding block the
index and thus the error approximations are available
when the unraveling process of the corresponding sam-
ples start.
[0021] In a further embodiment of the method the em-
bedded error approximations are compressed.
Besides indexing, other methods for compression can
be employed such as Lempel Ziff. The error approxima-
tions come from a limited set of error approximations and
can thus be compressed which allows the use of less
space when embedding the error approximations in the
samples.
This is especially beneficial if other embedded data is
also present in the lower significant bits of the samples.
An indexing is not necessarily available for this additional
data and a general compression scheme can be used.
Combinations of indexing for the error approximation and

compression for the additional data can be used or an
overall compression for all data embedded in the lower
significant bits, i.e. error approximations and additional
data, can be used.
[0022] In a further embodiment of the method the error
values are embedded at a predefined offset.
A predefined offset establishes a defined relationship be-
tween the error approximations and the samples to which
the error approximations correspond.
In case an index is used to store the error approximations,
the index is adapted for each block and the adapted index
stored in each block as well.
If possible, the index can also be chosen per digital data
set or fixed and stored in the encoder and decoder but
not stored in the data stream, at the expense of flexibility.
When no error approximations are used to improve the
quality of the extracted audio signals, the error approxi-
mations do not need to be stored. This does not prevent
the embedding and compression of other data in the low-
er significant bits of the digital data set.
[0023] In a further embodiment of the method the error
values are embedded at a first available position with a
varying position relative to the samples to which the error
values correspond.
By compressing the error values in the samples as soon
as there is room available the samples space is being
saved which space can be used to allow for an expansion
of the limited set of error values later on, in turn allowing
a more accurate correction of the equated samples which
results in an even better reproduction of the digital data
set
[0024] This could have been a method to take benefit
of the space gained but a different approach is preferably
taken..
The space saved from the compressed error values &
list of indexes is actually used to limit the number of sam-
ples of the next block which will be mixed together. Since
this number is less than the current block, the variety of
the errors will be smaller and hence can be better ap-
proximated with the same number of error approximation
values. These error values and referencing indexes are
again compressed and space saved is again passed on
to limit the number of mixed samples in the next block.
[0025] In a further embodiment of the method any low-
er significant bits of the samples of the third digital data
set not used for embedding error approximations, or oth-
er control data, are set to a predefined value or set to zero.
Either the lower significant bits can be set to zero before
the combining of the digital data sets or after the embed-
ding of the embedded information such as seed values,
synchronizing patterns and error values.
The predefined value or zero value can help distinguish
the embedded data as the embedded data is no longer
surrounded by seemingly random data.
It further allows the simplification of the process of com-
bining and unraveling as it would be clear that these bits
do not need processing.
It should be noted that the selection of the freed up
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number of bits in the lower significant bits may be imple-
mented dynamically, in other words based on the con-
tents of the digital data sets at that moment. E.g. silent
parts of classical music may require more bits for signal
resolution ... while loud parts of pop music may not re-
quire that many bits
[0026] In an embodiment of the invention the extracted
signal or the embedded control data can be used to con-
trol external devices that are to be controlled synchro-
nously with the audio signal, or control the reproduction
of an extracted audio signal, for instance by defining the
amplitude of the extracted audio signal relative to a base
level or relative to the other audio channels not extracted
from the combined signal, or relative to the combined
audio signal.
[0027] The present invention describes a technique to
mix (and store) Audio PCM tracks (PCM tracks are digital
data sets representing digital audio channels)- typically
from a 3 dimensional audio recording, but not restricted
to this use - into a number of tracks which is smaller than
the number of tracks used in the original recording. This
combining of channels is done by mixing pairs of audio
tracks into single tracks, in a way that supports an inverse
operation, i.e. a decoding operation which allows an un-
raveling of the combined signal, to recreate the original
separate audio tracks which will be perceptual identical
to the original audio tracks from the master recording
while at he same time the combined signal provides a an
audio track which is reproducible via regular playback
channels and is perceptually identical to an mix of the
audio channels when reproduced. As such when com-
bining the channels of a 3 dimensional audio recording
into a set of channels normally used for 2 dimensional
surround audio recording, and reproducing the combined
channels without applying the inverse operation, the
combined, i.e. (down-)mixed, audio recording still com-
plies with the requirements to recreate a realistic 2 di-
mensional surround audio recording typically known as
stereo, 4.0, 5.1 or even 7.1 surround audio formats, and
playable as such, without the need for an extra device,
a modified device or a decoder. This guarantees the
down-wards compatibility of the resulting combined
channels.
[0028] An extension to more then 2 digital data sets or
two audio signals is very feasible. The technique is ex-
plained for 2 digital data sets, extending this technique
to more then 2 sets can be done in a similar fashion by
changing the interleaving so that for each sample of the
third digital data set only one digital data set provides an
un-equated sample to be combined with equated sam-
ples from the other digital data sets and that the digital
data set that provides the un-equated sample is chosen
in an alternating fashion from the digital data sets that
provide samples.
If more than 2 digital data sets are combined, every nth
sample of each digital data set is used as the equating
samples of the first subset holding (n-1) per n (equal)
samples of the dataset while the second subset holds 1

sample per n samples of the dataset. Per each dataset,
the position of the equating samples shift by 1 position
in the time domain.
[0029] As such 3 channel digital audio to 1 channel
digital audio mixes (3 to 1 mix) have been found to be
certainly feasible within the data rate and resolution pro-
vided by current digital audio standards. Also 4 to 1 mixes
are possible in this manner.
[0030] Such mixes of digital audio channels allow the
use of a first digital audio standard with a first number of
independent digital audio channels for the storage, trans-
mission and reproduction of a second digital audio stand-
ard with a second number of independent digital audio
channels, where the second number of digital audio
channels is higher than the first number of digital audio
channels.
The invention achieves this by combining at least two
digital audio channels into a single digital audio channel
using the method of the invention or an encoder accord-
ing to the invention. Because of the step of addition in
the method the resulting digital audio stream is a percep-
tually pleasing representation of the two digital audio
channels combined. Performing this combining for mul-
tiple channels reduces the number of channels, for in-
stance from a 3D 9.1 configuration to a 2D 5.1 configu-
ration. This can be achieved by for instance combining
the left lower front channel and left upper front channel
of the 9.1 system into one left front channel which can
normally be stored, transmitted and reproduced through
the left front channel of a 5.1 system.
Hence, although the signals created using the invention
allow the retrieval of the original 9.1 channels by un-
raveling the combined signals, the combined signals are
equally suitable for use by users who only have a 5.1
system. Attenuation of both channels prior to mixing or
encoding may be required for a suitable down-mixed 5.1
system, such that (inverse) attenuation data of each
channel is required during decoding.
[0031] The techniques developed in this invention are
used - but not restricted to this use - for creating AURO-
phonic audio recordings which can be stored on existing
or new media carriers like HD-DVD or BLU-RAY DVD,
just given as examples, without the need to add any extra
media format or additions to their media format defini-
tions, since these standards already support multi-chan-
nel audio PCM data, for instance 6 channels of 96khz 24
bit PCM audio (HD-DVD) or 8 channels of 96khz 24bit
PCM audio (BLU -Ray DVD) or 6 channels of 192khz
24but PCM audio (BLU -Ray DVD).
For AURO-phonic audio recordings more channels are
required than available on these existing or new media
carriers. The present invention allows the use of these
media carriers, or other transmission means where a lack
of channels is present and enable the use of such a sys-
tem with an inadequate number of channels to be used
for 3D audio storage or transmission, and at the same
time ensure backward compatible with all existing play-
back equipment, automatically rendering the 3D audio
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channels in a 2D system as if it were 2D audio channels.
If adapted playback equipment is present, the full set of
3D audio channels can be extracted using the decoding
method or decoder according to the invention and the
full 3D audio can be appropriately rendered by the system
after extracting the separate digital audio channels and
reproducing these individual channels.
[0032] Aurophony designates an audio (or audio+vid-
eo) playback system able to correctly render the three-
dimensionality of the recording room - defined by its x,
y, and z axes -. A suitable sound recording combined
with specific speaker layout(s) has been found to render
a more natural sound.
[0033] A 3D audio recording such as Aurophony can
also be defined as a surround setup with height speakers.
It is this addition of height speakers that introduces a
need for more channels than the currently commonly
used systems can provide as the currently used 2D sys-
tems only provide for speakers substantially at the same
level in a room. It is linked to certain aspects of conscious-
ness as Aurophony merges and blends the tonal char-
acteristics of two spaces. The increased number of chan-
nels and positioning of the speakers, allow any record-
ings made on this basis to enable a playback that uses
the full potential of the natural three-dimensional aspects
of audio. Multi-channel technology combined with the
specific positioning of the speakers acoustically transport
listeners to the very site of the sound event - to a virtual
space - and enables them to experience its spatial di-
mensions in virtual mode. The width, depth, and height
of this space are for the first time perceived both physi-
cally and emotionally.
[0034] Furthermore, devices like HD-DVD or BLU-Ray
DVD players implement an audio mixer to mix during
playback external audio channels (not read from the disc)
into the audio output, or to mix audio effects typically from
user navigation operation to increase the user experi-
ence. However, they also have a ’film’ true mode which
eliminates these audio effects during playback. This last
mode is used by these players to output the multi-channel
PCM mix through their audio (A/D) converters or to pro-
vide the multi channel PCM mix encrypted as an audio
multi-channel mix encapsulated in the data including e.g.
Video and send out using an HDMI interface for further
processing. The requirement of lossless compression,
for example bit-identical audio PCM data, used during
playback / recording holds true for any device rendering
or recording these down-mixed multi-channel PCM audio
tracks whenever the decoder - as explained in this inven-
tion - is used to recreate the 3 dimensional audio record-
ing or just a ’spatial’ enhanced audio recording.
[0035] Apart from more effective or efficient audio PCM
storage by combining, in an invertible way, multiple chan-
nels into a single channel, a targeted application or use
is that of a 3 dimensional audio recording and reproduc-
tion, still maintaining compatibility with audio formats as
provided by the standards of DVD, HD-DVD or BLU-Ray
DVD. During mastering of surround audio recording or

multi-channel audio, recording engineers currently have
a multiple of audio tracks available and use templates to
have their mastering tools create a stereo or
(2Dimensional) surround audio track, which may be au-
thored e.g. on a CD, SA-CD, DVD, BLU-Ray DVD or HD-
DVD or just digitally stored on a recording device (like
e.g. a Hard drive). Audio sources, which are in real-world
always located in a 3 dimensional space, have so far
mostly been recording as sources defined in a 2 dimen-
sional space, even though to the audio recording engi-
neers, 3rd dimensional information was available or could
have been easily added (e.g. sound effects like planes
flying over an audience, or birds ’singing’ in the sky) or
recorded from a real life situation.
Up till now no general audio format has been available,
except for systems where the additional series of multiple
audio tracks are stored independently in a system that
provides a sufficient number of tracks for storage such
as in cinema applications. These additional channels
however cannot be stored on recording media like HD-
DVD or BLU-Ray DVD since these storage systems pro-
vide for an insufficient number of audio channels. It is the
aim of this invention to create these extra ’virtual’ tracks
in a way that they will not interfere (or disturb) with the
(2D) standard multi- or 2-channel audio information, in a
way that to the recording engineers basic real time eval-
uation is available prior to finalizing the 3D audio record-
ing and in a manner to still use no more than the ’standard’
multi-channel tracks on these new media.
[0036] It should be noted that, although the present
invention is described as targeting Audio applications,
the same principles can be envisioned to be employed
for video applications, for instance to create a 3-dimen-
sional video reproduction, e.g. by using 2 simultaneous
video streams (angles) each taken from a camera with
a minor angular difference, to create a 3-D effect, yet
combine the two video streams as detailed by the present
invention and thus enabling the storage and transmission
of the 3D video such that it can still be played back on
regular video equipment.

Examples of Applications

Stereo (’Artistic)’ Mix included in Surround Mix.

[0037] During mastering of audio recordings, sound
engineers define or use mixing templates to, starting from
a multiple audio tracks, create a ’True’ or ’Artistic’ stereo
mix, as well as a surround mix (e.g. 4.0, 5.1, ...) Although
matrix down-mixing of the surround mix to a stereo mix
is possible, one can easily illustrate the shortcomings of
such down-mix matrices techniques. The matrix down-
mixed stereo will substantially differ from the ’Artistic’
Stereo mix, since the content from such matrix down-
mixed stereo signals will be typically in the L-R domain
(out of phase signals) while the true ’Artistic’ stereo mix
will be mainly in the L+R domain (in phase signals) with
a moderate amount in the L-R domain. As just one ex-
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ample; the matrix-down-mixed stereo will sound substan-
tially quieter in mono due to the high amount of out-of-
phase signals. As a consequence, current surround au-
dio recordings mastered and encoded with most of today
audio encoding/decoding technology typically provide -
if they care for a realistic stereo reproduction - a separate
true (’Artistic’) stereo version of the recording.
[0038] With an application built on the techniques of
the current invention, someone familiar with this art, could
easily build a system which masters the Left (front) Audio
and Right (front) Audio channels of the artistic recording
to the Left and Right channels, and have each of these
channels mixed with a (e.g.) 24dB attenuated Audio Delta
Channel (L-artistic - L-surround) and (R-artistic - R-sur-
round). When playing the L/R channels of a multi-channel
recording without any decoder, the artistic Left/Right au-
dio recording will be dominantly present, but when played
with a decoder as explained in this invention, the mixed
channels will be un-mixed first, next the (delta) channels
will be (e.g.) 24dB amplified and subtracted from the ’Ar-
tistic’ channels, to create the Left and Right channels as
needed for the surround mix, at that time also play the
surround (L/R) channels as well as Center and Subwoof-
er channel.

3-Dimensional (’AURO-phonic’) Mix included in Sur-
round Mix.

[0039] Using the encoding technique as explained in
this invention, one can easily see that the mixing of 3rd

dimensional audio information can be done, simply by
mixing on each channel of a 2-dimensional 2.0, 4.0, 5.1
or even 7.1 surround mix, another audio channel repre-
senting the audio as recorded at a certain height above
those 2-dimensional speakers. During mixing, these 3-
rd dimensional audio channels can be attenuated, to
avoid undesired audio effects, when the multi-channel
recording is not used with such decoder as defined in
this invention. During decoding these channels are un-
mixed, and amplified when needed, and rendered on the
top speakers.

Stereo(’Artistic)’ Mix & 3-D(’AURO-phonic’) Mix included 
in Surround Mix.

[0040] If one aims at generating an all-in-one record-
ing, e.g. 6 channels at 96 kHz (HD-DVD) or 192 kHz
(BLU-Ray DVD), useful for artistic stereo reproduction,
2-D surround reproduction or 3-D AURO-phonic repro-
duction, an application based on the invention can be
used. The invention can be used to mix 3 channels (or
more) into one channel, by reducing the ’initial’ sampling
rate by factor 3 (or more), and approximate the errors
generated during this reduction, to restore the original
signal as much as possible. This could be used to mix a
96kHz Left Front-Artistic channel, with a 96kHz (attenu-
ated) Left Front Delta (L-artistic - L-surround), and with
a 96kHz (attenuated) Left Front Top. A similar mixing

scheme may be applied to the Right Front channel. 2-
channel mixing could be applied for Left Surround and
for Right Surround. Even the Center channel can be used
to mix a Center Top audio channel into.

Automated 3-D audio rendering from a ’classic’ 2-D re-
cording.

[0041] Most of the current existing audio or video pro-
ductions have 2 dimensional (surround) audio tracks.
Apart from the real 3rd dimensional audio source location
- which can be used during mastering and mixing with
an encoder as explained in this invention to use that in-
formation as additional channels down-mixed into a 2-
dimensional recording - diffuse audio as present in stand-
ard 2 dimensional audio recordings is THE candidate to
be moved and rendered on top speakers of 3-dimension-
al audio setup. One can think of automated (off-line - or
non real time) audio processes, which will extract diffuse
audio out of the 2 dimensional recordings, and one may
use that extracted audio to create channels which are
mixed (according to the scheme of this invention) with
the ’reduced’ audio tracks of the 2-D surround recordings,
such that one gets a surround multi channel recording
which can be decoded as 3D audio. Depending on the
computational requirements, this filtering technique to
extract the diffuse audio out of the 2D-surround channels
could be applied in real time.
[0042] The invention can be used for several devices,
forming part of a 3 dimensional audio system.
[0043] An Aurophonic Encoder - Computer Application
(software) plug-in. Mastering and Mixing tools, common-
ly available for the audio / video recording and mastering
world, allow third parties to develop software plug-ins.
They typically provide a common data/command inter-
face to activate the plug-ins within a complete set of tools
used by mixing and mastering engineers. Since the core
of the AUROPHONIC Encoder is a simple Encoder in-
stance, with a multiple of audio channel inputs and one
audio channel output on one hand and taking user set-
tings like quality and channel attenuation/position as ad-
ditional parameters into account on the other hand, a
software plug-in can be provided within these audio mas-
tering / mixing tools.
An AUROPHONIC Decoder - Computer Application
(software) plug-in. A software plug-in decoder as a ver-
ification tool with the Mastering and Mixing tools, can be
developed in a similar way as the Encoder plug-in. Such
a software plug-in decoder can also be integrated into
consumer/end-user PCs’ Media Players (like Windows
Media Player, or DVD software players and most likely
HD-DVD/Blu-Ray software players).
[0044] An AUROPHONIC Decoder - Dedicated
ASIC/DSP built in a BLU-Ray or HD-DVD players.
Several new media High Definition formats define a mul-
tiple of high frequency / high bit resolution audio PCM
streams which are (digitally) available inside their respec-
tive (consumer) players. When playing the content from
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these discs, using a mode where no audio PCM data is
mixed / merged / attenuated /... to be presented to the
internal Audio Digital Analogue Converters, these Audio
PCM data (could be AURO encoded data) can be inter-
cepted by a dedicated ASIC or DSP (loaded with the
AURO Decoder firmware) to decode all mixed audio
channels and to generate an extra set of audio outputs
to deliver e.g. artistic Left/Right audio or e.g. an additional
set of Top L/R outputs.
[0045] An AUROPHONIC Decoder - integrated as part
of BLU-Ray or HD-DVD firmware. Whenever an AURO-
PHONIC decoding process makes sense during play-
back of a BLU-Ray or HD-DVD disc, the playback mode
of these players has to be set to TRUE-Film mode, to
prevent the audio mixer of the player to corrupt/modify
the original data of the PCM streams as mastered on this
disc. In this mode the full processing power of the players’
CPU or DSP is not required. As such it may be possible
to integrate the AUROPHONIC decoder as an additional
un-mixing process implemented as part of the firmware
of the players’ CPU or DSP.
An AUROPHONIC Decoder - ASIC/DSP add-on in HDMI
switches, USB or FIREWIRE audio devices.
HDMI (High Definition Media Interface) enables the
transfer of full bandwidth of multi-channel audio streams.
(8 channels, 192 kHz, 24 bit). HDMI switchers regenerate
the digital Audio / Video data by first de-scrambling, such
that the audio data transmitted over an HDMI interface
is accessible internally in such a switch. AURO encoded
audio may be decoded by an add-on board implementing
the AURO decoder. Similar add-on integration (typically
in Audio recording / playback tools) can used for USB or
FIREWIRE multi-channel audio I/O devices.
A encoder as described herein can be integrated in a
larger device such as a recording system or can be a
stand alone encoder coupled to a recording system or a
mixing system. The encoder can also be implemented
as a computer program for instance for performing the
encoding methods of the present invention when run on
a computer system suitable to run said computer pro-
gram.
A decoder as described herein can be integrated in a
larger device such as an output module in a playback
device, an input module in an amplification device or can
be a stand alone decoder via its input coupled to a source
of the encoded combined data stream and via its output
coupled to an amplifier.
[0046] A digital signal processing device is in this doc-
ument understood to be a device in the recording section
of the recording/transmission/reproduction chain, such
as audio mixing table, a recording device for recording
on a recording medium such as optical disc or hard disk,
a signal processing device or a signal capturing device.
[0047] A reproduction device is in this document un-
derstood to be a device in the reproduction section of the
recording/transmission/reproduction chain, such as an
audio amplifier or a playback device for retrieving data
from a storage medium.

[0048] The reproduction device or decoder can be ad-
vantageously integrated in a vehicle such as a car or a
bus. In a vehicle the passenger is typically surrounded
by a passenger compartment.
[0049] The compartment allows the easy positioning
of the speakers through which the multi channel audio is
to be reproduced. Hence a designer is able to specifically
tailor the audio environment to suit the reproduction of 3
dimensional or other multi channel audio inside the pas-
senger compartment.
Another benefit is that the wiring required for the speakers
can be easily hidden from sight, just as the other wiring
is hidden from sight. The lower set of speakers of the 3
dimensional speaker system are positioned in the lower
part of the passenger compartment, just like many speak-
ers are currently mounted, for instance in the door panel,
in the dashboard or near the floor. The upper set of speak-
ers of the 3 dimensional speaker system can be posi-
tioned in the upper part of the passenger compartment,
for instance near the roof or at another position higher
than the fascia or dashboard or at least higher than the
lower set of speakers.
It is also beneficial to allow the user to switch the repro-
duction device from a first state in which the decoder
unravels audio channels and passes the unraveled audio
channels to the amplifier to a second state in which the
combined audio channels get passed to the amplifier. A
switch between 3 dimensional reproduction and 2 dimen-
sional reproduction can be achieved by bypassing the
decoder.
In another configuration a switch between 2 dimensional
reproduction and stereo reproduction is also envisaged.
The requirements for reproduction of 2 and 3 dimensional
audio, such as positioning of speakers, are not part of
this invention and as such will not be described in detail.
It should however be kept in mind that the invention is
adaptable to any channel configuration a designer of a
multi channel audio reproduction device may chose, for
instance when configuring a car for proper reproduction
of multi channel audio.

Description of the figures.

[0050] The invention will now be described based on
figures.

Figure 1 shows a coder according to the invention
for combining two channels.
Figure 2 shows a first digital data set being converted
by equating samples
Figure 3 shows a second digital data set being con-
verted by equating samples
Figure 4 shows the encoding of the two resulting
digital data sets into a third digital data set.
Figure 5 shows the decoding of the third digital data
set back into two separate digital data sets.
Figure 6 shows an improved conversion of the first
digital data set.
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Figure 7 shows an improved conversion of the sec-
ond digital data set.
Figure 8 shows the encoding of the two resulting
digital data sets into a third digital data set.
Figure 9 shows the decoding of the third digital data
set back into two separate digital data sets.
Figure 10 shows an example where samples of the
first stream A as obtained by the coding as described
in figure 6 are depicted.
Figure 11 shows an example where samples of the
first stream B as obtained by the coding as described
in figure 7 are depicted.
Figure 12 shows the samples of the mixed stream C.
Figure 13 shows the errors introduced to the PCM
stream by the invention.
Figure 14 shows the format of the auxiliary data area
in the lower significant bits of the samples of the com-
bined digital data set.
Figure 15 shows more details of the auxiliary data
area.
Figure 16 shows a situation where adaptation leads
to variable length AURO data blocks
Figure 17 gives an overview of a combination of the
processing steps as explained in previous sections.
Figure 18 shows an Aurophonic Encoder Device
Figure 19 shows an Aurophonic Decoder Device

Description of embodiments

[0051] Figure 1 shows a coder according to the inven-
tion for combining two channels. The coder 10 comprises
a first equating unit 11a and a second equating unit 11b.
Each equating unit 11a, 11b receives a digital data set
from a respective input of the encoder 10.
The first equating unit 11a selects a first subset of sam-
ples of the first digital data set and equates each sample
of this first subset to neighboring samples of a second
subset of samples of the first digital data set where the
first subset of samples and the second subset of samples
are interleaved as will be explained in detail in figure 2.
The resulting digital data set comprising the unaffected
samples of the second subset and the equated samples
of the first sub set can be passed on to a first optional
sample size reducer 12a or can be passed directly to the
combiner 13.
The second equating unit 11b selects a third subset of
samples of the second digital data set and equates each
sample of this third subset to neighboring samples of a
fourth subset of samples of the second digital data set
where the third subset of samples and the fourth subset
of samples are interleaved as will be explained in detail
in figure 3. The resulting digital data set comprising the
samples of the fourth subset and the equated samples
of the third sub set can be passed on to an second op-
tional sample size reducer 12b or can be passed directly
to the combiner 13.
The first and second sample size reducer both remove
a defined number of lower bits from the samples of their

respective digital data sets, for instance reducing 24 bit
samples to 20 bits by removing the four bits least signif-
icant bits.
The equating of samples as performed by the equating
units 11a, 11b introduces and error. Optionally, this error
is approximated by error approximator 15 by comparing
the equated samples to the original samples. This error
approximation can be used by the decoder to more ac-
curately restore the original digital data sets, as explained
below. The combiner 13 adds the samples of the first
digital data set to corresponding samples of the second
digital data set, as provided to its inputs, and supplies
the resulting samples of the third digital data set via its
output to a formatter 14 which embeds additional data
such as seed values from the two digital data sets and
the error approximations as received from the error ap-
proximator 15 in the lower significant bits of the third dig-
ital data set and provides the resulting digital data set to
an output of the coder 10.
[0052] In order to explain the principle the embodi-
ments are explained using two input streams but the in-
vention can equally be used with three or more input
streams being combined into one single output stream.
[0053] Figure 2 shows a first digital data set being con-
verted by equating samples. The first digital data set 20
comprises a sequence of samples values A0, A1, A2, A3,
A4, A5, A6, A7, A8, A9. The first digital data set is divided
into a first subset of samples A1, A3, A5, A7, A9 and a
second subset of samples A0, A2, A4, A6, A8.
[0054] Subsequently each the value of each sample
A1, A3, A5, A7, A9 of the first subset of samples is equated
to the value of the neighboring sample A0, A2, A4, A6, A8
from the second subset as indicated by the arrows in
figure 2. In particular, this means that the value of sample
A1 is replaced by the value of the neighboring sample
A0, i.e. the value of sample A1 is equated to value of
sample A0. This results in an first intermediate digital data
set 21 as show, comprising the sample values A0", A1",
A2", A3", A4", A5", A6", A7", A8", A9", etc, where the value
A0", equals the value A0 and A1" equals the value A0 etc.
In figure 6 an embodiment will be shown where A0" no
longer is equal to A due to a reduction in number of bits
in the sample.
[0055] Figure 3 shows a second digital data set being
converted by equating samples.
The second digital data set 30 comprises a sequence of
samples values B0, B1, B2, B3, B4, B5, B6, B7, B8, B9.
The second digital data set is divided into a third subset
of samples B0, B2, B4, B6, Bg and a fourth subset of sam-
ples B1, B3, B5, B7, B9.
Subsequently each the value of each sample B0, B2, B4,
B6, Bg of the third subset of samples is equated to the
value of the neighboring sample B1, B3, B5, B7, B9 from
the fourth subset as indicated by the arrows in figure 3.
In particular, this means that the value of sample B2 is
replaced by the value of the neighboring sample B1, i.e.
the value of sample B2 is equated to value of sample B1.
This results in an second intermediate digital data set 31
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as show, comprising the sample values B0", B1", B2", B3",
B4", B5", B6", B7", B8", B9", where the value B1" equals
the value B1 and B2" equals the value B1, etc. In figure
7 an embodiment will be shown where B1" no longer is
equal to B1 due to a reduction in number of bits in the
sample.
[0056] Figure 4 shows the encoding of the two resulting
digital data sets into a third digital data set.
The first intermediate digital data set 21 and the second
intermediate digital data set 31 are now combined by
adding the corresponding samples.
For instance the second sample A1" of the first interme-
diate digital data set 21 is added to the second sample
B1" of the second intermediate digital data set 31. The
resulting first combined sample C1 is placed at the sec-
ond position of the third digital data set 40 and has a
value A1"+ B1".
[0057] The third sample A2" of the first intermediate
digital data set 21 is added to the third sample B2" of the
second intermediate digital data set 31. The resulting
second combined sample C2 is placed at the third posi-
tion of the third digital data set 40 and has a value A2"+
B2".
[0058] Figure 5 shows the decoding of the third digital
data set back into two separate digital data sets.
The third digital data set 40 is provided to a decoder for
unraveling the two digital data sets 31, 32 comprised in
the third digital data set 40.
The first position of the third digital data set 40 is shown
to hold the value A0" which is a seed value needed during
the decoding. This seed value can be stored elsewhere
but is shown in the first position for convenience during
the explanation. The second position holds the first com-
bined sample with a value of A0"+ B0". Because the de-
coder knows the seed value A0", as retrieved from the
first position, the sample value of the second intermediate
digital data set can be established by subtracting 

This retrieved sample value B0" is used to reconstruct
the second intermediate digital data set but is also used
to retrieve a sample of the first intermediate digital data
set. Since the value A0" is now known, and it is known
that its neighboring sample A1" has the same value, the
sample of the 2nd intermediate digital data set can now
be calculated: 

[0059] This retrieved sample value B1" is used to re-
construct the 2nd_intermediate digital data set but is also
used to retrieve a sample of the first intermediate digital
data set.
[0060] Since the value B1" is now known, and it is
known that its neighboring sample B2" has the same val-

ue, the sample of the first intermediate digital data set
can now be calculated: 

[0061] This retrieved sample value A2" is used to re-
construct the first intermediate digital data set but is also
used to retrieve a sample of the 2nd intermediate digital
data set.
[0062] This can be repeated as shown in figure 5 for
the remaining samples.
[0063] In order to approximate the first original digital
data set 20 the retrieved first intermediate digital data set
can be processed using information about the signal
known to the system, for instance for an audio signal the
samples lost by the encoding and decoding (the equated
samples) can be reconstructed by interpolation or other
known signal reconstruction methods. As will be shown
later, it is also possible to store information about the
error introduced by the equating in the signal and use
this error information to reconstruct the samples close to
the value they had before equating, i.e. close to the value
they had in the original digital data set 21.
The same can of course be performed for every retrieved
intermediate digital data set in order to restore the equat-
ed samples to a value as close as possible as the original
value of the samples in the original digital data set.
[0064] In the following description of figure 6, 7 and 8,
the 2 original channels are reduced in bit resolution e.g.
from 24 bits per sample to 18 bits. Next to reducing the
sample resolution, the sampling frequency is reduced to
half of the original sampling frequency (in this example
starting from 2 audio channels having each the same bit
resolution and sampling frequency). Other combinations
are possible like starting from X bits and reducing to Y
bits (e.g. X/Y = 24/22, 24/20, 24/16 etc... or 20/18, 20/16,
or 16/15, 16/14, ...) given the requirements of high fidelity
audio, one should not reduce a sample in bit resolution
below 14 bits... If more channels are mixed, the basic
technique described herein requires the sampling fre-
quency to be divided by the number of channels, which
need to be mixed into one channel. The more channels
are mixed, the lower the real sampling frequency of the
channels (prior to mixing) will be. In HD-DVD or BLU-
Ray DVD the initial sampling frequency can be as high
as 96 kHz or even (BLU-Ray) as high as 192 kHz. Starting
from 2 channels with a sampling frequency each of 96
kHz, and reducing both to 48 kHz still leaves a sampling
frequency in the range of high fidelity audio. Even 3 chan-
nels mixed, and reduced to 32 kHz is acceptable for mov-
ie / TV audio quality (this is a frequency as used by NICAM
digital broadcasted TV audio.) Starting from true 192kHz
recording, gives a way to mix 4 channels, reducing the
sampling frequency to 48 kHz
[0065] Figure 6 shows an improved conversion of the
first digital data set. In the improved conversion the lower
significant bits of the samples are no longer representing
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the original sample but are use to store additional infor-
mation such as seed values , synchronizing patterns, in-
formation about errors caused by the equating of sam-
ples or other control information.
The first digital data set 20 comprises a sequence of sam-
ples values A0, A1, A2, A3, A4, A5, A6, A7, A8, A9. Each
sample A0, A1, A2, A3, A4, A5, A6, A7, A8, A9 is truncated
resulting in truncated or rounded samples A0’, A1’, A2’,
A3’, A4’, A5’, A6’, A7’, A5’, Ag’. This set 60 of truncated
samples A0’, A1’, A2’, A3’, A4’, A5’, A6’, A7’, A5’, A9’, where
the lower significant bits are considered, or do actually
not carry information about the sample anymore is sub-
sequently processed as is explained in figure 2. The set
60 of truncated samples is divided into a first subset of
samples A1’, A3’, A5’, A7’, A9’ and a second subset of
samples A0’, A2’, A4’, A6’, A8’.
Subsequently each the value of each sample A1’, A3’,
A5’, A7’, A9’ of the first subset of samples is equated to
the value of the neighboring sample A0’, A2’, A4’, A5’, A8’
from the second subset as indicated by the arrows in
figure 6.
In particular, this means that the value of sample A1’ is
replaced by the value of the neighboring sample A0, i.e.
the value of sample A1’ is equated to value of sample
A0’. This results in an first intermediate digital data set
61 as show, comprising the sample values A0", A1", A2",
A3", A4", A5", A6", A7", A8", A9", etc, where the value A0",
equals the value A0’ and A1" equals the value A0’ etc.
It should be noted that, because of the truncation, i.e.
rounding of the samples, a reserved area 62 is created
in the first intermediate digital data set 61.
[0066] Figure 7 shows an improved conversion of the
second digital data set.
In the same way as for the first digital data set, the con-
version can be improved in that the lower significant bits
of the samples are no longer representing the original
sample but are use to store additional information such
as seed values , synchronizing patterns, information
about errors caused by the equating of samples or other
control information. The first digital data set 30 comprises
a sequence of samples values B0, B1, B2, B3, B4, B5, B6,
B7, B8, B9. Each sample B0, B1, B2, B3, B4, B5, B6, B7,
B8, B9 is truncated resulting in truncated or rounded sam-
ples B0’, B1’, B2’, B3’, B4’, B5’, B6’, B7’, B8’, B9’. This set
70 of truncated samples B0’, B1’, B2’, B3’, B4’, B5’, B6’,
B7’, B8’, B9’, where the lower significant bits are consid-
ered, or do actually not carry information about the sam-
ple anymore is subsequently processed as is explained
in figure 3.
The set 70 of truncated samples B0’, B1’, B2’, B3’, B4’,
B5’, B6’, B7’, B8’, B9’ is divided into a third subset of sam-
ples B0’, B2’, B4’, B6’, B8’ and a fourth subset of samples
B1’, B3’, B5’, B7’, B9’.
Subsequently each the value of each sample B0’, B2’,
B4’, B6’, B8’ of the third subset of samples is equated to
the value of the neighboring sample B1’, B3’, B5’, B7’, B9’
from the fourth subset as indicated by the arrows in figure
3.

In particular, this means that the value of sample B2’ is
replaced by the value of the neighboring sample B1’, i.e.
the value of sample B2’ is equated to value of sample
B1’. This results in an second intermediate digital data
set 71 as show, comprising the sample values B0", B1",
B2", B3", B4", B5", B6", B7", B8", B9", where the value
B2" equals the value B1’ and B1" equals the value B1’, etc.
It should be noted that, because of the truncation, i.e.
rounding of the samples, a reserved area 72 is created
in the second intermediate digital data set 71.
[0067] The resolution reduction introduced by the
rounding as explained in figure 6 and 7 is in principle
’unrecoverable’ but techniques to increase the perceived
sample frequency can be applied. If more bit resolution
is required, the invention allows for increasing the value
of Y (bits actually used) at the expense of less ’room’
available for encoded data or X bits per sample. Of course
the error approximation stored in the data block in the
auxiliary data area allows a substantial reduction in per-
ceived loss of resolution.
For a 24bit PCM audio stream, with an 18/6 format and
mixing 2 channels we have 18bit audio samples and 6bit
data samples, each data block starts with a sync of 6
data samples (6bit each), 2 data samples (12 bits in total)
are used to store the length of the data block and finally
2x3 data samples (2x18bit) are used to store duplicate
audio samples. For other formats (examples):

- 16/8: sync of 8 data samples, 2 data samples
(16bit,only 12bits used) for length and 2x2 data sam-
ples (2x16bit) for duplicate audio samples;

- 20/4: sync of 4 data samples, 3 data samples (12bit
in total) for length and 2x5 data samples (2x20bit)
for duplicate audio samples

- 22/2: sync of 2 data samples, 6 data samples (12bit
in total) for length and 2x11 data samples (2x22bit)
for duplicate audio samples.

For other formats (e.g. 16bit PCM audio, with 14/2 format)
similar structures can be defined.
[0068] Figure 8 shows the encoding of the two resulting
digital data sets into a third digital data set.
The encoding is performed in the same way as described
in figure 4.
Now that the first intermediate digital data 61set has a
reserved area 62 and the second intermediate digital da-
ta set 71 also has a reserved area 72, the addition of
both digital data sets now results in a third digital data
set 80 with a auxiliary data area 81.
In this auxiliary data area 81 additional data can be
placed.
When the third digital data set 80 is reproduced through
equipment that is not aware of the presence of this aux-
iliary data area 81 the data in this auxiliary data area 81
will be interpreted by such equipment as being the lower
significant bits of the digital data set to be reproduced.
The data placed in this auxiliary data area 81 will hence
introduce a slight noise to the signal which is largely im-

21 22 



EP 2 328 364 B1

13

5

10

15

20

25

30

35

40

45

50

55

perceptible. This imperceptibility is of course dependent
on the number of lower significant bits chosen to be re-
served for this auxiliary data area 81 and it is easy for
the skilled person to chose the appropriate amount of
lower significant bits to be used in order to balance the
requirement of data storage in the auxiliary data area 81
and the resulting loss in quality in the digital data set. It
is evident that in a 24 bit audio system the number of
lower significant bits dedicated to the auxiliary data area
81 can be higher than in a 16 bit audio system.
In order for these mixed audio channels, to enable the
inverse (or un-mix) operation, duplicate copies of restrict-
ed number of samples are stored .
Although in the examples above only a single seed value
sample, i.e. duplicate copy of a sample, is used and
stored, storing multiple seed value samples is advanta-
geous in that redundancy is provided. This redundancy
is both due to the repeated nature of stored seed values
that allow the recovery from errors by providing new start-
ing points in the stream and due to the fact that two seed
values for each start position can be stored. The seed
values A0 and B1 allow the verification of the starting
position since the calculation starting with A0 will yield
the value B0 which then can be compared to the stored
seed value for verification. A further advantage is that
the storage of both A0 and B1 allows a search of the
correct starting position to which the two seed values
belong, allowing a self synchronization between the seed
values and the digital data set C as it is likely that at one
position where decoding using the seed value A0 will
result in exactly a value B1 that is equal to the stored
seed value B1.
When starting, as an example, from a 24 (Z) bit 96 kHz
sampled signal reduced to 18 (Y) bit 48 kHz, and creating
a duplicate of one sample per msec, i.e. one seed value
per msec, 1000 18bits sample duplicates, i.e. seed val-
ues, per channel mixed. If this mixing includes 2 chan-
nels, we will need 2x1000x18bits or 36K bits of ’storage’
for sample duplicates per second. Because first extra
’space’ - 6 (X) bits per sample at 96K per second - was
created 6x96=576K bits per second is available in the
auxiliary data area formed by the lower significant bits,
in where these duplicate copies of sample values can be
stored easily. In fact, there is 16x the memory available
to store these copies and as such it would be possible
to store duplicate samples of these 2 channels at a rate
of 16 times per msec if no other information were to be
stored in this auxiliary data area. If other values for Z/Y/X
are selected, e.g. 24/20/4 at 96 kHz or 16/14/2 at 44.1
kHz the amount of created ’free’ auxiliary data area by
using the least significant bits will be different. The fol-
lowing cases are given as examples, but the invention is
not restricted to these other use cases; 2 channels at
24/20/4 @ 96 kHz and 4x96=392K bits per second mem-
ory requiring 2x1000x20=40Kbits for duplicate samples
per msec, it is possible to store duplicate samples at a
rate of 9.6 times per msec. 2 channels at 16/14/2 @ 44.1
kHz and 2x44.1=88.2K bits per second memory requiring

2x1000x14=28Kbits for duplicate samples per msec, it
is possible to store duplicate samples at a rate of 3.15
per msec. The examples mentioned here use the auxil-
iary data area formed by the lower significant bits of the
samples exclusively for duplication of samples from the
original (resolution and frequency reduced) audio
streams. Due to the nature and characteristics of the
technique as used here, it is beneficial to not solely use
this ’free’ auxiliary data area for storage of duplicate sam-
ples, although these sample duplicates are essential in-
formation used by the un-mixing process or decoder.
[0069] In the Basic technique, as explained in figures 2
- 8, 2 PCM audio streams A (A0, A1, A2,) and B (B0, B1,
B2,), are first reduced in bit resolution, to generate 2 new
streams A’ (A’0, A’1, A’2,) and B’ (B’0, B’1, B’2,). Next the
sampling frequency of these streams is reduced to half of
the original sampling frequency, giving A" (A"0, A"1, A"2)
and B" (B"0, B"1, B"2). This last operation introduces Er-
rors, with A"2i=A"2i+1=A’2i generating an Error E2i+1 =
A’2+1-A’21 and B"2i+1=B"2i+2=B’2i+1 (B"0=B’0) generating
an Error E2i+2 = B’2i+2 - B’2i+1 (E0=0). This Error Series
(E0, E1, E2, E3...) contains Errors with even index due to
sampling reduction of audio stream B and errors with odd
index because of sampling reduction of audio stream A.
The advanced encoding will approximate these Errors and
use these approximations to reduce the errors prior to mix-
ing. The approximated Errors (which are represented as
the inverses of the real Errors) E’ are added as a separate
channel established in the auxiliary data area in the lower
significant bits of the samples as part of the mixing. As
such the mixed signal is defined by Z = A"+B"+E’ with
samples (Zi= Ai"+Bi"+Ei’). If the Error stream can be ap-
proximated exactly then E’ = E with Z2i= A2i"+B"2i+E2i =
A’2i+B’2i-1+B’2i-B’2i-1=A’2i+B’2i and Z2i+1= A2i+1"+
B"2i+1+E2i+1 = A’2i+B’2i+1+A’2i+1-A’2i=A’2i+1+B’2i+1. In
such case, no sampling reduction errors are generated in
the final mixed stream.
[0070] Figure 9 shows the decoding of the third digital
data set back into two separate digital data sets.
The decoding of the digital data set 80 obtained by the
enhanced coding, i.e. with the lower significant bits 81
used to store additional data, is performed just like the
regular decoding described in figure 5, but only the rel-
evant bits of each sample A0", A1", A2", A3", A4" A5", A6",
A7", A8", A9", B0", B1", B2", B3", B4", B5", B6", B7", B8",
B9", i.e. not the lower significant bits, are provided by the
decoder. The decoder can further retrieve the additional
data stored in the auxiliary data area 81 in the lower sig-
nificant bits. This additional data can subsequently be
passed along to the target of the additional data as ex-
plained in figure 20.
Once the decoder has these duplicate samples, the seed
values, reconstructed, these duplicate samples (seed
values) are then used to un-mix the mixed channel. The
mixed channel is for example a mix of PCM stream A" and
B", with A"2i=A"2i+1=A’2i and B"2i+1= B"2i+2= B’2i+1. A’0
and B’1 will be used as duplicate samples and encoded
into the data block.
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[0071] Un-Mixing of the (mono) signals out of A"+B"
can be done, alternative to the method explained in figure
5 where only one seed value was used, as follows: The
A"+B" samples are: A"0+B"0, A"1+B"1, A"2+B"2, A"3+B"3,
A"4+B"4, A"5+B"5. Because we have a copy of A"0=A’0 &
B"1=B’1 we can reconstruct the A" & B" streams.

1. with A"0+B"0 - (A"0=A’0) we get B"0 and got A"0
from the duplicate sample
2. with A"1+B"1 - (B"1=B’1) we get A"1 and got B"1
from the duplicate sample
3. with A"2+B"2 - (B"2=B"1) we get A"2 and B"2=B"1
4. with A"3+B"3 - (A"3=A"2) we get B"3 and A"3=A"2
5. with A"4+B"4 - (B"4=B"3) we get A"4 and B"4=B"3
6. with A"5+B"5 - (A"5=A"4) we get B"5 and A"5=A"4
7. ...

On media formats as HD-DVD or BLU-Ray DVD multi-
channel audio can be stored as a multiplex of PCM audio
streams. Using the mixing / un-mixing technique as ex-
plained above on each of these channels, one can easily
duplicate the number of channels (from 6 or 8 to 12 or
16). This allows to store or create a 3rd dimension of the
audio recording or reproduction by adding a top speaker
above every ground speaker but does not require a user
to have a decoder to listen to the ’2-dimensional’ version
of the audio since the audio stored on the multi-channel
audio tracks is still 100% PCM ’playable’ audio. In this
last mode of reproduction, the effect of the 3rd dimension
will not be created but it also will not degrade the per-
ceivable quality of the 2 dimensional audio recording.
[0072] Figure 10 shows an example where samples of
the first stream A as obtained by the coding as described
in figure 6 are depicted.
As an example, 2 mono 96 kHz 24 bit digital audio
streams, A & B are assumed to be processed.
A = original samples (24bit), A’ = rounded samples (18H
bits significant & 6L bits = 0), A" = sampling Freq. Re-
duced samples
In Figure 10, a first audio stream A is shown in the graph
as a dark gray line. Samples of A are: A0, A1, A2, A3, A4,
A5, ... The resolution of each sample is 24 (Z) bits per
sample represented as a 24 bit signed integer value, so
values range from -2(Z-1) to (2(Z-1)-1). From this sample
series, we reduce the resolution to 18 (Y) bits, clearing
the 6 (X) least significant bits to create ’room’ for encoded
data. Reduction is achieved by rounding all Z bit samples
to their nearest representation using only Y most signif-
icant bits of a total of Z. Hereto each sample is incre-
mented with (2(X-1)- 1), each total is limited to (2(Z-1)-1)
or represented as [](2(Z-1)

-1). Next we set the 6 (X) least
significant bits to 0 by bit-wise AND with ((2(Y)-1) bit-wise
shifted X bits to the left), as such we generate a new
stream A’ (light gray). Samples of A’ are: A’0, A’1, A’2, ...
with A’i= [Ai+ (2(X-1)-1)](2(Z-1)

-1) AND ((2(Y)-1) << X)
After reduction of the sample resolution we also reduce
the sampling frequency by a factor of 2 (in case we would
mix more then 2 channels we need to reduce the sam-

pling frequency by a factor equal to the number of chan-
nels mixed). Hereto we repeat every even sample of the
original stream A’. After sample frequency reduction we
get a new stream A". Samples of A" are: A"0, A"1, A"2, ...
with A"2i = A"2i+1 = A’2i
All even samples of A" at index 2i are identical to the
original data of A’ at index 2i and all odd samples of A"
at index 2i+1 are duplicates of previous sample of A" at
index 2i.
[0073] Figure 11 shows an example where samples of
the first stream B as obtained by the coding as described
in figure 7 are depicted.
B = original samples (24bit), B’ = rounded samples (18H
bits significant & 6L bits = 0), B" = sampling Freq. Re-
duced samples.
In Figure 11, a second audio stream B is shown in the
graph as a dark gray line. The same sample resolution
reduction is applied to this stream. Samples of B are: B0,
B1, B2, B3, B4, B5, ... From this sample series, we gen-
erate a new stream B’ (light gray). Samples of B’ are: B’0,
B’1, B’2,...
with B’i = [Bi+ (2(X-1)-1)](2(Z-1)

-1) AND ((2(Y)-1) << X)
After reduction of the sample resolution we also reduce
the sampling frequency similarly by a factor of 2 and we
get a new stream B". Samples of B" are: B"0, B"1, B"2, ...
with B"2i+1 = B"2i+2 = B’2i+1
All odd samples of B" at index 2i+1 are identical to the
original data of B’ at index 2i+1 and all even samples of
B" at index 2i+2 are duplicates of previous sample of
B" at index 2i+1.
[0074] Figure 12 shows the samples of the mixed
stream C.
A+B = original samples (24bit), A’ + B’= rounded samples
(18 H bits significant & 6 L bits = 0), A" + B" = sampling
Freq. Reduced samples.
[0075] Both streams A+B are mixed (added) to get a
new stream (dark gray). Mix (add) streams A" and B" and
we get another stream (light gray). A"+B" will be different
from A+B and from A’+B’ for every sample since A" or
B" may differ from the original samples A and B due to
bit resolution reduction (rounding), and may differ from
the resolution reduced samples due to sample reduction,
but generally, we still have a good perceptual approxi-
mation of the original A+B (dark gray) stream due to the
original high bit resolution and high sampling frequency.
[0076] Figure 13 shows the errors introduced to the
PCM stream by the invention.
Error = Errors due to rounding samples, Error’ = Errors
due to rounding samples + freq reduction.
[0077] Figure 14 shows the format of the auxiliary data
area in the lower significant bits of the samples of the
combined digital data set.
Finally, to enable the decoder to un-mix the mixed audio
PCM data, the decoder requires having the duplicate
samples of the audio PCM samples BEFORE it receives
the audio PCM samples, such that the un-mix-operation
can be performed in real-time with the streamed audio
PCM. Hereto we need to place this data of a data block
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(holding duplicate samples of audio samples, sync pat-
terns, length parameter...) into the samples (Z bits) also
carrying Audio PCM information related to the previous
data block. To give the decoder time to decode these
data blocks, they may even end several audio PCM sam-
ples before the audio PCM samples which were used to
take duplicates from. The number of Audio PCM samples
between the end of a Data block and the Audio PCM
samples which were used to copy as duplicate samples
is the Offset, which is another parameter stored in the
data block. Sometimes this offset may be negative, indi-
cating that the position of the duplicated samples in the
Audio PCM stream is within the Audio PCM samples used
to carry that data block. For the offset we also will use a
12 bit value (signed integer value).
[0078] A data block comprises:

1. A Sync pattern
2. A data block length
3. An audio PCM sample offset with reference to the
end of that data block.
4. Duplicates of audio PCM samples (one for each
channel mixed)

[0079] A further advantage is achieved by including
correction information that allows a (partial) negation of
the error introduced by the equating of samples.
[0080] In figure 14, at time 0 the encoder starts reading
2x U Xbit samples, which are reduced to Y bits to create
the auxiliary data area for holding the data blocks. The
sample frequency reduction creates errors, which are ap-
proximated and replaced with a list of references to these
approximations. Apart from this data - which is effectively
compressed - the data block headers (sync, length,
offset, ... etc) are generated resulting in a data block
length of U’ samples. These data samples are placed
within the data section of the first U samples. In a next
step the encoder reads U’ (<U) samples, resulting in a
data block which (uncompressed) requires U samples,
but after compression U". Again this data block is at-
tached to the previous data block and in this example
(still) uses some samples of the initial U (Xbit) samples .
The process of the encoder reading U’..’ Xbit samples
and generating the corresponding data-block continues
till all data has been processed.
[0081] Figure 15 shows more details of the auxiliary
data area.
[0082] The AUROPHONIC Data Carrier Format com-
plies with the following structure;
It is a bit precise audio/data stream 150, typically a PCM
stream 150, where the data is divided into sections 158,
159 of Z samples. Each sample in the section 158, 159
consists of X bits. (X typically will be 16 bits for audio
CD/DVD data, or 24 bit for Blu-Ray/HDDVD audio data)
The most significant bits (Y first bits, for e.g. Blu-Ray
typically 18 or 20 bits) hold the audio data (could be PCM
audio data), the least significant bits (Q last bits, e.g. for
Blu-Ray typically 6 or 4 bits) hold the AURO decoding

data.
[0083] The AURO additional data as used during de-
coding in each data block 156, 157 is organized as fol-
lows;
It comprises a Sync section 151 , a General Purpose
Decode Data section 154, optionally an Index List 152
and an Error Table 153, and finally a CRC value 155.
The Sync section 151 is pre-defined as a rolling bit pattern
(size depends on the number of Q bits used for the AURO
data width). The general purpose data 154 includes in-
formation about the length of the AURO data block, the
exact offset (relative to the sync position 151) of the first
audio (PCM) data 158 on which the AURO decoding data
156 has to be applied, copies of the first audio (PCM)
data sample (one for each channel encoded), Attenua-
tion data and other data. Optionally (depending on the
AURO quality selection during the encoding process),
this AURO decoding data 156, 157 may also include an
Index List 152 and an Error table 153 holding approxi-
mations of all Errors generated during the encoding step.
Further, also optionally, the Index List 152 and Error Ta-
ble 153 may be compressed. The general purpose de-
coding data section154 will indicate if such Index List 152
and Error Table 153 is present, including information
about the compression applied. Finally the CRC value
155 is a CRC calculated using both the Audio PCM data
(Y bits) and the AURO data (Q bits).
[0084] One characteristic of the AURO decoder is its
extreme low latency. Just a processing delay of 2 AURO
(PCM) samples is required for decoding. The AURO data
block 156, 157 information has to be transmitted and
processed (e.g. decompressed) prior to transmitting the
PCM audio data 158 to which the AURO decoding data
has to be applied. As a consequence, the AURO data
block 156, 157 (least significant bits) is merged with the
Audio PCM data 159 (most significant bits) such that the
last AURO data information 154, 155 from one block is
never later then the first (PCM) Audio data sample to
which that AURO data information applies to.
[0085] The decoder implementing the un-mixing oper-
ation of the channels uses sync patterns to allow it to
locate for instance the duplicate samples and relate them
to the matching original samples. These sync patterns
can be placed as well in the 6 (X) bits per sample and
should be easily detectable by the decoder. A ’sync’ pat-
tern can be a repeated pattern of a sequence of several
6 (X) bits long ’keys’. E.g. by having a single bit shifting
from the least significant position to the most significant
position, or binary represented as: 000001, 000010,
000100, 001000, 010000, 100000. Other bit patterns
could be selected based on characteristics of the sam-
ples in order to avoid that the sync patterns affect the
samples in a perceptible way, or that the samples affect
the detection of the sync patterns. As such uniform sync
patterns can be defined for all different combinations of
sample resolutions. (24/22/2, 24/20/4/, 24/18/6, 24/16/8,
16/14/2, ...) These patterns can also be optimized to elim-
inate the ’noise’ generated from the least significant bits
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of the audio samples, when played by a DVD-Player not
using such AURO-Phonic decoder.
[0086] Figure 16 shows a situation where adaptation
leads to variable length AURO data blocks. It is further
required that the decoder receives the information of the
data blocks before it processes the mixed audio samples,
since it has to decode the data-block (including decom-
pression) and needs access to these (approximated) Er-
rors in order to perform the un-mix operation. The Error
stream samples (from that 2nd block) will be approximat-
ed (using K-Median or Facility Location algorithms) with
a table containing approximations and a list of references
to link every sample of that Error stream section to an
element of that approximation table. This list of referenc-
es makes up the approximated Error stream. Both that
list and the table with approximation values are com-
pressed by a compressor, the other remaining elements
of the data structure are defined by a formatter (like sync
pattern, data block length, offset, duplicate audio sam-
ples, attenuation, etc...) such that (most likely) one will
end up with less then U data samples, a number of sam-
ples which we will refer to as W (W <= U). One may
expect that value W be typically 20 to 50% smaller than
U. Next this data-block is placed in the data-space of the
first U samples by the formatter. This guarantees that
these data samples will be available to the decoder be-
fore it receives the matching audio samples. As we may
have saved on data samples, (U-W) for later use, the
next audio section to be encoded (this is mixing and error
approximation) should contain only W audio samples (<=
U). Even if the data block for this section (of W audio
samples) should require U data samples, it is guaranteed
to have the end of this data block before the first audio
sample it refers to. Furthermore, because of a smaller
number of audio samples (W <= U) we may expect the
approximation of the sample frequency reduction Error
to be better, since a smaller number of Error values has
to be approximated. As such the gain of the compression
is used by a better approximation of the next section of
audio samples. Again, this last section of the data block
could be smaller than U, e.g. W’ (<=U) such that the next
number of audio samples to be encoded could in turn
also be limited to W’.
[0087] It is further understood that the size of the data
block will vary, depending on the compression quality.
As a consequence the offset parameter (part of the data
block structure) is an important parameter to link the size
varying data blocks to the corresponding first audio sam-
ple. The length of the data block itself matches the
number of audio samples required during decoding, start-
ing from the first audio sample which was linked to the
data block with the offset parameter. This offset param-
eter may be even increased if required (and the data
block shifted more backward in time) when in certain cas-
es the decoder would need more time to start decoding
of the data block relative to the moment it receives the
first matching audio sample. It is further understood that
the decoding of the data block should be executed at

least in real time by the decoder, since such delays may
not increment.
[0088] Another feature of this invention is that the de-
coder will stay easily in sync with the sync references
and furthermore automatically detect the used encoding
format (detect the numbers of bits of an audio sample
used for sync patterns/sample duplicates). Hereto we in-
clude the number of samples between each first word of
a sync pattern as part of the coded data. We also require
the sync patterns to repeat after at most 4096 x 2 (2 =
the number of channels mixed) samples. This reduces
the maximum length of a data block (sync pattern + sam-
ple duplicate data) to 4096 x 2 samples requiring 12 bits
to store this length of each data block. Using this info,
and given the different coding resolutions e.g. for 24 bit
PCM samples: 22/2, 20/4, 18/6, 16/8 the decoder should
be able to auto-identify the coding format, detect the sync
patterns and their repetitions easily.
[0089] The embedding of auxiliary data in the data area
formed by the lower significant bits of the samples can
be used independently of the combining / unraveling
mechanism. Also in a single audio stream this data area
can be created without audibly affecting the signal in
which the auxiliary data gets embedded. The embedding
of error approximations for errors due to sample frequen-
cy reduction (equating of samples) is still beneficial if no
combining takes place because it also allows the reduc-
tion of the sample frequency (thus saving storage space)
yet allowing a good reconstruction of the original signal
using the error approximations as explained to combat
the effects of sample frequency reduction.
[0090] Figure 17 show the encoding including all im-
provements of the embodiments.
The blocks shown correspond both to the steps of the
method and equally to hardware blocks of the encoder
and show the flow of data between the hardware blocks
as well as between the steps of the method.

Encoding Processing Steps.

[0091] In the first step the Audio streams A, B, are first
reduced by rounding audio samples (24 → 18/6) to A’, B’.
In the second step, the reduced streams are pre-mixed
(using attenuation data) applying dynamic compression
on these streams to avoid audio clipping (A’c, B’c)
[0092] In the third step the sample frequency is re-
duced by a factor equal to the number of channels mixed
(A’c’, B’c’) introducing an Error stream E. In the fourth
step the error stream E is approximated by E’: using 2(z-1)

centers (e.g. K-Median approximation) and a reference
list to these centers.
In the fifth step the table and references are compressed,
attenuation sampled (start of audio samples), block
headers (sync, length, ...,..., crc) are defined. In the sixth
step the streams (A’c’, B’c’, E’) are mixed including final
check against clipping (audio overshooting) - this check
may require minor changes. In the seventh step the data
block section (6bit samples) is merged with audio sam-
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ples.
[0093] Figure 17 gives an overview of a combination
of the processing steps as explained in previous sections.
It is understood that this process of encoding works eas-
iest when applied in an off-line situation, the encoder hav-
ing access to samples of corresponding sections of all
streams it has to process anytime. So, it is required that
sections of the audio streams are at least temporarily
stored e.g. on a hard disk such that the encoder process
can seek (back and forth) to use the data it requires for
processing that section. In the explanation of figure 17 a
case of a 24 bit sample (X/Y/Z) = (24/18/6) being divided
in a 18 bit sample value and a 6 bit data value which is
part of the auxiliary data area holding the control data
and seed values, is being used as an example.
[0094] The block length - in order for generalization -
will be referred to as U.
[0095] A first step <1> of the encoding process is (as
explained in the section about the basic technique) the
reduction on both stream A 161a and stream B 161b of
the sample resolution for example from 24 to 18 bits by
the sample size reducers, by rounding each sample to
its nearest 18 bit representation. These streams 163a,
163b which are the result of this rounding are referred to
as stream A’ 163a and stream B’ 163b. In parallel the
attenuation is determined by an attenuator controller
which receives a desired attenuation value 161c from an
input..
[0096] The second step <2> is a mixing simulation on
these streams 163a, 163b by an attenuation manipulator
to analyze if mixing would cause clipping. If it is required
to attenuate one stream 163b, typically the 3rd dimension
audio stream in case of AURO-PHONIC encoding, be-
fore mixing, this attenuation should be taken into account
in this mixing simulation by the attenuation manipulator.
If despite this attenuation, mixing both (96 kHz) streams
163a, 163b would generate clipping, this step of the en-
coding process performed by the attenuation manipula-
tor will perform a smooth compression (gradually in-
crease attenuation of the audio samples towards the clip-
ping point and next gradually decrease it). This compres-
sion may be applied to both streams 163a, 163b by the
attenuation manipulator, but this is not necessary, since
(more) compression on one stream 163b could also elim-
inate this clipping. When applied to these streams A’ 163a
and stream B’ 163b, new stream A’c 165a and stream
B’c 165b are generated by the attenuation controller. The
effect of this attenuation to prevent clipping will be per-
sistent in the final mixed stream 169, as well as in the
unmixed streams. In other words, the decoder will not
compensate for this attenuation to generate the original
stream A’ 163a or original stream B’ 163b, but its target
will be to generate A’° 165a and B’c 165b. During mas-
tering of such (Aurophonic) recordings, the recording en-
gineer can define - if needed - the attenuation level 161c
and provide this via an input to the attenuation controller
to control the attenuation of the second stream 163b (typ-
ically the 3rd dimension audio stream) which is desired

when down-mixed to a 2 dimensional audio reproduction.
[0097] In the next step <3> the sample Frequency is
reduced by the frequency reducer by a factor equal to
the number of channels mixed (A’c’, B’c’) introducing an
Error stream E 167. The frequency reduction can be per-
formed for examples as explained in figure 2 and 3,or 6
and 7.
In the next step <4> the error stream E167 is approxi-
mated by E’ 162 generated by an error aproximator: using
2(z-1) centers (e.g. K-Median approximation) and a refer-
ence list to these centers.
In the section of advanced encoding / decoding, it was
explained that errors 167 (due to sample frequency re-
duction) in the mixing and un-mixing operation could be
avoided on the condition that this Error stream167 would
be approximated without errors. In this particular exam-
ple (X/Y/Z) = (24/18/6) and V = 32 (2(z-1)) approximations,
there most likely would be no errors (apart from the lim-
itations due to the 12 bit representation of the Errors)
when we had only V samples in a data block such that
there is a one to one mapping of these Errors to these
’approximations’. On the other end we also defined the
max length U of the data block, which in any circumstance
would guarantee that the Error reference list and approx-
imation table would be ’encode-able’ in such data block.
[0098] Therefore this step of the encoding will initially
require a number of U samples from both streams A’c’
165a and B’c’ 165b and from the Error stream E 167.
[0099] First the width of the Error sample is selected
(this is the number of bits used for representing this error
information). Since the basic stream is PCM data origi-
nating from an audio recording, one may expect the Er-
rors or differences between 2 adjacent samples relative
small compared to the Max (or Min) sample. At (e.g.) a
96 kHz audio signal, this Error could be relatively large
only when the audio stream contains signals with very
high frequencies. As explained before, in this description,
a 24 bit PCM stream is used, reduced to 18 bits for audio
and creating room for 6 data bits per sample. These data
bits are used, as explained in the basic technique to store
the sync pattern, the length of a data block, the offset,
parameters to be defined, 2 duplicated samples (when
2 channels were mixed), a compressed ’index list to Er-
rors’, compressed Error table and checksum. The ’index
list to Errors’, and the Error table will be explained below.
In the example of 24/18/6, 6 bits per sample are available
for the auxiliary data area and the 6 bits per sample could
theoretically define a table with 26=64 Errors where need-
ed. Within this example of 24/18/6, the Error represen-
tations will be restricted to a signed 2x6 bit integer
number.
[0100] Part of the contents of a data block in the aux-
iliary data area with U samples of 6 bit (24/18/6 - for each
sample of the data block, there is one audio (mixed) sam-
ple), is a table with approximations of the Errors due to
sample frequency reduction of these streams. As men-
tioned before an Error will be approximated using 2 data
samples of 6 bits. Since there is not enough ’room’ to
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store an approximation for every Error, a limited numbers
of Error’ values needs to be defined, which - as close as
possible - approach all these Errors. Next a list is created
including references to these approximated Errors’ for
every element of the Error ’stream’ in the data block in
the auxiliary data area. Apart from the sync, the length,
offset, sample duplicates etc... room is needed to store
a table with approximated Errors’ in the data block. This
table can be compressed, to limit the memory used for
the data block, and furthermore the list of references can
be compressed as well.
[0101] First the way to approximate these elements
from the Error stream will be explored. What needs to be
defined is a number K of values, such that every element
of the stream (but typically a section of that stream to
which the data in the data lock corresponds) can be as-
sociated with one of these values and such that the total
sum of the errors (this is the absolute difference of each
element of the Error stream with its best (nearest) ap-
proximated value Error’) is as small as possible. Other
’weighting’ factors could be used instead of the absolute
value, like the square of this absolute value or a definition
taking perceptual audio characteristics into account.
Finding such K numbers out of a series of values - in this
case defined as Errors due to sample frequency reduc-
tion of the 2 mixed channels - is defined as the K-Median
objective. Groups of elements from the Error stream need
to be clustered, and K centers need to be identified so
that the sum of distances from each point to its nearest
center is minimized.
Similar problems and their solutions are also known in
literature as Facility Location algorithms. Furthermore
within this context ’streaming’ solutions as well as non-
streaming solutions need to be considered. The former
would mean the ’encoder’ has only one time and one
pass access to the life (and real time) generated Errors
resulting from the mixing of life audio streams. The latter
(non-streaming) would mean an encoder has ’off-line’
and continuous access to the data it requires for process-
ing. Due to the structure of the output digital data stream
(an audio PCM stream with 18 bit audio samples and 6
bit data) a data block from the auxiliary data area is send
out prior to the audio samples it corresponds to, a situa-
tion is created for non-streaming use case of K-Median
or Facility Location algorithms. The objective of this in-
vention is not to define a new Data Clustering algorithm,
since many of these are available in the public domain
literature, but rather to refer to these as a solution for the
skilled person for implementation. [e.g. see Clustering
Data Streams: Theory and Practice, IEEE TRANSAC-
TIONS ON KNOWLEDGE AND DATA ENGINEERING,
VOL. 15, NO. 3, MAY/JUNE 2003].
Once these K centers or error approximations have been
defined , a list is generated where the L elements of the
Error stream from the mixing are replaced by L references
to elements in that table, containing the K approximations
(or centers). Since 6 bits of data are available for every
audio sample, one could - for a certain section of an Error

stream - define K = 64 different approximations for all
different Errors in that section. One then could rely on
lossless compression of that list of L references, such
that after compression one ends up with M x 6bit data
samples, and N ’free’ 6bit data samples with L = M + N.
The free space of the auxiliary data area would be used
to store the Error approximations as well as the sync
pattern, the length of the data block, etc... However, since
the values in this list of L references could be a series of
true random numbers, one should not rely on the com-
pression of this list, but rather guarantee that this list is
compressible. Therefore, in a case of X/Y/Z with in this
example X=24, Y=18, Z=6, no more than 32 = 2(Z-1) ap-
proximations are used. As such, only (Z-1) bits are re-
quired to refer to this table, and it can easily be proven
that such a list of references is compressible; 5 ∗ 6bit
data samples can hold 6 references to this table (each
needing 5 bits). In the case of 24/18/6, as explained in
the section of the basic technique, at least a total of 86
data samples are needed to store all data not including
the list of references. (6 (6bit) samples for Sync, 2 (6bit)
samples for data block length, 2 (6bit) samples for offset,
6 (6bit) samples for 2 audio sample duplicates each 18
bit, 2 (6bit) for Attenuation, 2 (6bit) data to be defined, at
most 64 (6bit) samples for 32 error approximations... if
uncompressible, 2 (6bit) samples for CRC). Given a com-
pression ratio of at least 6 compressed to 5 (delivering 1
free data sample), at most 6x 86 = 516 samples are need-
ed. This total also defines the maximum length of a data
block for this mode of 24/18/6. Restricting the number of
approximations e.g. to 16, leads to a reduction of the 86
total to 54, the minimum compression ratio of the refer-
ence list of at least 6 compressed to 4 and the max length
of the data block to 3x54 = 162 data samples. Or, by
extending the width of the errors to 3x 6bit, creating 118
data sample to store all data except the list of references.
(this would require a total of 708 = 6 x 118) However, in
most cases a compression further compressing this data
is realistic as the above considered only a worst case
scenario; e.g. compression by 25 % (4 bits reduced to 3
bits) which is a typical ratio for the error approximation
table. For an approximation with 32 error approximations,
this extra ratio would decrease the data block length by
more then 50 %; the 64 data samples from the (32) error
approximations would be reduced to 48 data samples,
such that the total (without the list of references) is re-
duced to 70. Further an additional 20%-25% compres-
sion on the list of references, would compress this list
from 6 bits to 5 bits, further down to 4 bits, resulting in a
total of a data block length of 3x 70 = 210 data samples.
The result is that the error stream of 210 Errors from
sample reduction of the mixed audio streams, can be
approximated by a stream of references to 32 Error ap-
proximations.
For a 24/18/6 case with only 16 Error approximations,
and taking comparable compression ratios, results in an
Error stream requiting 3x46 = 138 data samples.
[0102] To conclude - based on the above examples -
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but not restricted to these example - the compression
scheme introduced here, enables the error stream to be
approximated in such a way that this approximation can
be taken into consideration at the time of mixing the sam-
ple frequency reduced audio streams, which will substan-
tially reduce the errors due to this sample frequency re-
duction. The use of these compressed error approxima-
tions allows the reconstruction of the two mixed PCM
streams with remarkable accuracy, making the error in-
troduced by the combining and unraveling of the two PCM
stream largely imperceptible.
[0103] It is further required that the decoder receives
the information of the data blocks before it processes the
mixed audio samples, since it has to decode the data-
block (including decompression) and needs access to
these (approximated) Errors in order to perform the un-
mix operation. As such, in a first phase of this encoding
step, a second block of a number of U samples (= a sec-
tion) from stream A’c’ 165a and B’c’ 165b and from the
Error stream E 167 will be required too. The Error stream
samples (from that 2nd block) will be approximated (using
K-Median or Facility Location algorithms) with a table
containing V(=32) 12bit approximations and a list of ref-
erences to link every sample of that Error stream section
to an element of that approximation table. This list of ref-
erences makes up the approximated Error stream E’ 162.
[0104] In the combining step <6> the streams (A’c’, B’c’,
E’) are mixed by a combiner / formatter. This combiner /
formatter comprises a further clipping analyzer to perform
a final check against clipping (audio overshooting) - this
check may require minor changes. The combiner / for-
matter adds additional data such as attenuation, seed
values and error approximations to the auxiliary data area
of the appropriate data block in the combined data stream
created by the sample size reducers, and provides the
output stream 169 comprising the combined streams, the
data block section merged with audio samples to an out-
put of the encoder.
[0105] Reduction of errors that would be introduced by
clipping.
Another aspect of this invention is the pre-processing of
the audio streams prior to being effectively mixed. Two
or more streams could generate clipping when these sig-
nals are mixed together. In such event, a pre-processing
step includes a dynamic audio compressor / limiter on
one of the channels being mixed or even on both chan-
nels. This can be done by gradually increasing the atten-
uation before these specific events, and after those
events gradually decrease the attenuation. This ap-
proach would mainly be applied in a non-streaming mode
of the encoding processor, since it requires (ahead of
time) sample values which would generate these over-
shoots / clipping. These attenuations could be processed
on the audio streams themselves and as such avoid clip-
ping in a way that - when un-mixed - these compressor
effects will still be part of the un-mixed streams. Apart
from avoiding clipping of (mixed) audio, the down-mixed
3D to 2D audio recording has to be useable when no

decoder (as described in this invention) is present. For
that reason a dynamic audio signal compression (or at-
tenuation) is used on the mixed audio stream to reduce
the additional audio (from the 3rd dimension) interfering
too much with the basic 2 dimensional audio, but by stor-
ing these attenuation parameters the inverse operations
can be performed after unmixing so that the proper signal
levels are restored. As mentioned above, the data block
structure of the auxiliary data area formed by the lower
significant bits of the samples contains a section to hold
this dynamic audio compression parameter (attenuation)
of at least 8 bits. Further, from the analysis (see Sample
Frequency Reduction Error Correction), it can be con-
cluded that a maximum length of a data-block for a typical
case of 24/18/6 with an error table of 32 elements and
12 bit error width was appr. 500 samples. At a sampling
rate of 96 kHz such a section is about 5 msec. of audio,
which thus becomes the timing granularity of the atten-
uation parameters. The attenuation value itself is repre-
sented with an 8 bit value, when different dB attenuation
levels are assigned to each value (e.g.: 0 = 0 dB, 1 =
(-0.1) dB, 2 = (-0.2) dB ...) one can rely on these values
and time-steps, to implement a smooth compression
curve, which can be used inversely during the decoding
operation to restore the proper relative signal levels.
The storage of attenuation values in the lower significant
bits of an audio stream can of course also be applied to
a single stream where some bits of resolution are in that
case sacrificed to increase the overall dynamic range of
the signal in the stream. Alternatively, in a mixed stream
multiple attenuation values can be stored in the data
block so that each data stream has an associated atten-
uation value thus defining levels of playback for each
signal individually, yet retaining resolution even at the
low signal levels for each signal.
In addition the attenuation parameters can be used to
mix 3 dimensional audio information in such a way that
consumer not using these 3 dimensional audio informa-
tion does not hear the additional 3 dimensional audio
signal as this additional signal is attenuated relative to
the main 2 dimensional signal, while knowing the atten-
uation value allows a decoder that retrieves the additional
3 dimensional signal to restore the attenuated 3 dimen-
sional signal component to its original signal level. Typ-
ically this requires a 3rd dimensional audio stream to be
attenuated for instance by 18dB prior to mixing it into the
2 dimensional audio PCM stream to avoid this audio in-
formation to ’dominate’ the ’normal’ audio PCM stream.
This requires an additional (8 bit) parameter to define the
attenuation (for each section of the stream - defined as
the length of the data block) used on a 3rd dimensional
audio stream before it was mixed with the other stream.
The 18 bit attenuation can be negated after decoding by
amplifying the 3rd dimensional audio stream
[0106] Fig 18 shows an AUROPHONIC Encoder De-
vice
[0107] The AUROPHONIC Encoder device 184 com-
prises of multiple instances of the AURO Encoder 181,
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182, 183, each mixing 1 or more audio PCM channels
using the technique described in figures 1-17. For every
Aurophonic output channel one AURO encoder 181, 182,
183 instance is activated. When only 1 channel is pro-
vided there is nothing to mix and the encoder instance
should not be activated.
[0108] The inputs of the Aurophonic Encoder 184 are
multiple audio (PCM) channels (Audio channel 1 through
audio channel X). For each channel, information (pos/at-
tenuation) is attached regarding its position (3D) and its
attenuation used when down-mixed into lesser channels.
Other inputs of the Aurophonic Encoder consist of the
Audio Matrix Selection 180 which decides which Audio
PCM channels are down-mixed into what Aurophonic
output channels) and the Aurophonic Encoder Quality
indicator which is provided to each AURO encoder 181,
182, 183.
[0109] Typical input channels of the 3D encoder are
L(Front Left), Lc(Front Left Center), C(Front Center),
Rc(Front Right Center), R(Front Right), LFE(Low Fre-
quency Effects), Ls(Left Surround), Rs(Right Surround),
UL(Upper Front Left), UC(Upper Front Center), UR(Up-
per Front Right), ULs(Upper Surround Left), URs(Upper
Surround Right), AL(artistic-left), AR(artistic-right)...
[0110] Typical output channels as provided by the en-
coder and being compatible with a 2D reproduction for-
mat are AURO-L(left) (Aurophonic channel 1), AURO-
C(center) (Aurophonic channel 2), AURO-R(right) (Au-
rophonic channel ...), AURO-Ls(left surround) (Auro-
phonic channel ...), AURO-Rs(right surround) (Auro-
phonic channel ...), AURO-LFE(Low Frequency Effects)
(Aurophonic channel Y)
[0111] Example of AURO Encoded channels as pro-
vided by the output of encoder 184: (AURO-L, AURO-R,
AURO-Ls, AURO-Rs).
AURO-L may contain both the original L(Front Left),
UL(Front Upper Left) & AL(Artistic-Left) PCM audio chan-
nel, AURO-R would be similar but for the front right audio
channels, AURO-Ls holds the Ls(Left Surround) &
ULs(Upper Left Surround) audio PCM channels, AURO-
Rs the equivalent right channels.
[0112] Figure 19 shows an Aurophonic decoder de-
vice.
[0113] The AUROPHONIC Decoder 194 comprises
multiple instances of the AURO Decoder 191, 192, 193,
un-mixing 1 or more audio PCM channels using a tech-
nique described in the figures 5 and 10. For every AURO
input channel one AURO decoder 191, 192, 193 instance
is activated. When an AURO Channel consists of a mix
of only 1 audio channel, the decoder instance should not
be activated.
[0114] The inputs of the AUROPHONIC Decoder re-
ceive Aurophonic (PCM) channels Aurophonic channel
1....Aurophonic channel X. For each channel Aurophonic
channel 1....Aurophonic channel X, a auxiliary data area
decoder being part of the decoder, will auto-detect the
presence of the sync patterns of the AURO data block
of the PCM channels. When consistent syncs are detect-

ed, the AURO decoder 191, 192, 193 starts to un-mix
the Audio parts of the AURO (PCM) channels and, at the
same time, decompressing (if required) the Index List
and Error Table, and applying this correction to the un-
mixed audio channels. The AURO data also includes pa-
rameters like attenuation (compensated for by the de-
coder) and 3D position. 3D position is used in the audio
Output Selection Section 190 to redirect the un-mixed
audio channel to the correct output of the decoder 194.
The user selects the group of audio output channels.
[0115] Figure 20 shows a decoder according to the in-
vention.
[0116] Now that all aspects of the invention have been
explained a decoder can be described, including the ad-
vantageous embodiments.
[0117] The decoder 200 for decoding the signal as ob-
tained by the invention should preferably automatically
detect if ’audio’ (e.g. 24 bit) has been encoded according
to the techniques detailed in previous sections.
This can be achieved for instance by a sync detector 201
that searches the received data stream for a synchroniz-
ing pattern in the lower significant bits. The sync detector
201 has the ability to synchronize to the data blocks in
the auxiliary data area formed by the lower significant
bits of the samples by finding the synchronization pat-
terns. As explained above the use of synchronization pat-
terns is optional but advantageous. Sync patterns can,
for example for a 24 bit sample size, be 2,4,6, or 8 bit (Z-
bit) wide, and 2,4,6 or 8 samples long. (2 bits: LSB = 01,
10; 4 bits: LSB = 0001, 0010, 0100, 1000; 6 bits:
000001, ..., 100000; 8 bits: 00000001, ..., 10000000).
Once the sync detector 201 has found any of these
matching patterns, it ’waits’ till a similar pattern is detect-
ed. Once that pattern has been detected, the sync de-
tector 201 gets in a SYNC-candidate-state. Based on the
detected synchronizing pattern the sync detector 201 can
also determine whether 2, 4, 6 or 8 bits were used per
sample for the auxiliary data area.
[0118] On the 2nd sync pattern, the decoder 200 will
scan through the data block to decode the block length,
and verify with the next sync pattern if there is a match
between the block length and the start of the next sync
pattern. If these both match, the decoder 200 gets in the
Sync-state. If this test fails, the decoder 200 will restart
its syncing process from the very beginning. During de-
code operation, the decoder 200 will always compare the
block length against the number of samples between the
start of each successive sync block. As soon as a dis-
crepancy has been detected, the decoder 200 gets out
of Sync-state and the syncing process has to start over.
[0119] As explained in figure 15 and 16, an error cor-
rection code can be applied to data blocks in the auxiliary
data area as to protect the data present. This error cor-
rection code can also be used for synchronization if the
format of the Error Correction Code blocks is known, and
the position of the auxiliary data in the Error Correction
Code blocks is known. Hence, in figure 20 the sync de-
tector and error detector are shown as being combined
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in block 201 for convenience, but they may be imple-
mented separately as well.
The error detector calculates the CRC value (using all
data from this data block, except syncs) and compares
this CRC value with the value found at the end of the
data block. If there is a mismatch, the decoder is said to
be in CRC-Error state
The sync detector provides information to the seed value
retriever 202, the error approximation retriever 203 and
the auxiliary controller 204 which allows the seed value
retriever 202, the error approximation retriever 203 and
the auxiliary controller 204 to extract the relevant data
from the auxiliary data area as received from the input
of the decoder 200.
Once the sync detector is sync-ed to the data block sync
headers, the seed value retriever scans through the data
in the data block to determine the offset, i.e. the number
of samples between the end of a data block and the first
duplicated audio sample (this number could theoretically
be negative) and to read these duplicated (audio) sam-
ples.
[0120] The seed value retriever 202 retrieves one or
more seed values from the auxiliary data area of the re-
ceived digital data set and provides the retrieved seed
values to the unraveler 206. The unraveler 206 performs
the basic unraveling of the digital data sets using the
seed value(s) as explained in figure 5 and 9. The result
of this unraveling is either multiple digital data sets, or a
single digital data set with one or more digital data sets
removed from the combined digital data set. This is indi-
cated in figure 20 by the three arrows connecting the
unraveler 206 to outputs of the decoder 200.
[0121] As explained above, using the error approxima-
tions is optional, as the audio as unraveled by the un-
raveler 206 is already very acceptable without using the
error approximations to reduce the errors introduced by
the equating performed by the encoder.
The error approximation retriever 203 will decompress
the reference list and the approximation table if required .
If the error approximations are to be used to improve the
unraveled digital data set(s) the unraveler 206 applies
the error approximations received from the error approx-
imation retriever 203 to the corresponding digital data
set(s) and provides the resulting digital data set(s) to the
output of the decoder.
[0122] As long as the decoder 200 stays synced to the
data-block headers, the error approximation retriever
203 will continue decompressing the reference lists and
the approximation tables, and supply these data to the
unraveler 206 to un-mix the mixed audio samples ac-
cording to C = A"+B"+E’ or C-E’ = A"+B" The unraveler
206 uses the duplicated audio samples to start un-mixing
into A" samples and B" samples. For a combined digital
data set in which two digital data sets have been com-
bined, the even indexed samples of A"2i match with these
of A’2i and A"2i+1 are corrected by adding E’2i+1 . Similarly,
the odd indexed samples of B"2i+1 match with these of
B’2i+1 and B"2i+2 are corrected by adding E’2i+2. The in-

verse attenuation is applied on the second audio stream
(B), and both audio samples (A’ & B’) are converted to
their original bit width by shifting these samples Z bits to
the left while zeros are filled in at the least significant bit
side. The reconstructed samples are sent out as inde-
pendent uncorrelated audio streams.
[0123] Another optional element of the decoder 200 is
the auxiliary controller 204. The auxiliary controller 204
retrieves the auxiliary control data from the auxiliary data
area and processes the retrieved auxiliary control data
and provides the result, for instance in the form of control
data to control mechanical actuators, musical instru-
ments or lights, to an auxiliary output of the decoder.
As a matter of fact, the decoder could be stripped of the
unraveler 206, the seed value retriever 202 and error
approximation retriever 203 in case the decoder only
needs to provide the auxiliary control data, for instance
to control mechanical actuators in way that corresponds
to the audio stream in the combined digital data set
[0124] When the decoder gets in a CRC-Error state,
the user can define the behavior of the decoder, e.g. he
may want to fade out the second output to a muting level,
and once the decoder resolves from its CRC-Error state,
fade in the second output again. Another behavior could
be to duplicate the mixed signal to both outputs, but these
changes of audio presented at the outputs of the decoder
should never cause undesired audio plopping or crack-
ing.

Claims

1. A method for creating a digital data stream (150, 160)
comprising an audio signal, the audio signal com-
prising samples arranged in blocks of samples (158,
159) having corresponding auxiliary data (152, 153,
154), wherein the most significant bits of the samples
hold audio data, the auxiliary data (152, 153, 154)
being stored in lower significant bits of the samples
in the blocks of samples (158, 159) to which the aux-
iliary data (152, 153, 154) corresponds, character-
ized in that the auxiliary data (152, 153, 154) com-
prises a general purpose decode data section (154)
indicating presence of an index list and an error table,
an index list (152) and an error table (153), wherein
the error table comprises approximations of errors
of an error stream generated during an encoding
step resulting in the audio data of the samples of the
audio signal, wherein the index list comprises refer-
ences to the error table for every error of the error
stream and thereby represents an approximated er-
ror stream.

2. A method for creating a digital data stream (150, 160)
as claimed in claim 1, wherein the errors of the sam-
ples are created by a sample rate reduction during
a creation of the audio signal.
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3. A method for creating a digital data stream (150, 160)
as claimed in claim 2, wherein each block of samples
(158, 159) has a corresponding block of error ap-
proximations (151, 152, 153, 154) and each block of
error approximations (151, 152, 153, 154) comprises
a sync pattern (151), a general purpose decode data
section (154), an index list (152), and an error table
(153).

4. A method for creating a digital data stream (150, 160)
as claimed in claim 3, wherein the sync pattern (151)
is a repeated pattern of a sequence of bits.

5. A method for creating a digital data stream (150, 160)
as claimed in claim 3 or 4, wherein the blocks of
samples (158, 159) have a constant size and the
blocks of error approximations (151, 152, 153, 154)
have a variable size.

6. A method for creating a digital data stream (150, 160)
as claimed in claim 5, wherein the variable size is a
reduced size achieved through compression of the
error approximations (153) allowing for an expansion
of number of error approximations (153) in later
blocks of error approximations (151, 152, 153, 154) .

7. A method for creating a digital data stream (150, 160)
as claimed in any one of claims 3 to 6, wherein each
block is positioned in the digital data stream before
the corresponding block of samples (158, 159).

8. An encoder (10) for creating a digital data stream
(150, 160) comprising an audio signal, the audio sig-
nal comprising samples arranged in blocks of sam-
ples (158, 159) having corresponding auxiliary data
(152, 153, 154), wherein the most significant bits of
the samples hold audio data, the auxiliary data (152,
153, 154) being stored in lower significant bits of the
samples of the blocks of samples (158, 159) to which
the auxiliary data (152, 153, 154) corresponds, char-
acterized in that the auxiliary data (152, 153, 154)
comprises a general purpose decode data section
(154) indicating presence of an index list and an error
table, an index list (152) and an error table (153),
wherein the error table comprises approximations of
errors of an error stream generating during an en-
coding step resulting in the audio data of the samples
of the audio signal, wherein the index list comprises
references to the error table for every error of the
error stream and thereby represents an approximat-
ed error stream.

9. An encoder (10) as claimed in claim 8, wherein the
errors of the samples are created by a sample rate
reduction during a creation of the audio signal.

10. An encoder (10) for creating a digital data stream
(150, 160) as claimed in claim 8, wherein each block

of samples (158, 159) has a corresponding block of
error approximations (151, 152, 153, 154) and each
block of error approximations (151, 152, 153, 154)
comprises a sync pattern (151), a general purpose
decode data section (154), an index list (152), and
an error table (153).

11. An encoder (10) for creating a digital data stream
(150, 160) as claimed in claim 10, wherein the sync
pattern is a repeated pattern of a sequence of bits.

12. An encoder (10) for creating a digital data stream
(150, 160) as claimed in claim 10 or 11, wherein the
blocks of samples (158, 159) have a constant size
and the blocks of error approximations (151, 152,
153, 154) have a variable size.

13. An encoder (10) for creating a digital data stream
(150, 160) as claimed in claim 12, wherein the vari-
able size is a reduced size achieved through com-
pression of the error approximations allowing for an
expansion of number of error approximations in later
blocks of error approximations (151, 152, 153, 154).

14. An encoder (10) for creating a digital data stream
(150, 160) as claimed in any one of claims 10 to 13,
wherein each block is positioned in the digital data
stream before the corresponding block of samples
(158, 159).

15. A digital signal processing device comprising an en-
coder (10) as claimed in claim 14.

16. A method for decoding a digital data stream (150,
160) comprising an audio signal, the audio signal
comprising samples arranged in blocks of samples
(158, 159) having corresponding auxiliary data (152,
153, 154), wherein the most significant bits of the
samples hold audio data, the auxiliary data (152,
153, 154) being retrieved from lower significant bits
of the samples in the blocks of samples (158, 159)
to which the auxiliary data (152, 153, 154) corre-
sponds, characterized in that the auxiliary data
(152, 153, 154) comprises a general purpose decode
data section (154) indicating presence of an index
list and an error table, an index list (152) and an error
table (153), wherein the error table comprises ap-
proximations of errors of an error stream generated
during an encoding step resulting in the audio data
of the samples of the audio signal, wherein the index
list comprises references to the error table for every
error of the error stream and thereby represents an
approximated error stream, wherein the index list
and the error table are used to correct the errors of
the samples of the block of samples (158, 159).

17. A method for decoding a digital data stream (150,
160) as claimed in claim 16, wherein the errors of
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the samples were created by a sample rate reduction
during a creation of the audio signal.

18. A method for decoding a digital data stream (150,
160) as claimed in claim 16 or 17, wherein each block
of samples (158, 159) has a corresponding block of
error approximations (151, 152, 153, 154) and each
block of error approximations (151, 152, 153, 154)
comprises a sync pattern (151), a general purpose
decode data section (154), an index list (152), and
an error table (153).

19. A method for decoding a digital data stream (150,
160) as claimed in claim 18, wherein the sync pattern
(151) is a repeated pattern of a sequence of bits.

20. A method for decoding a digital data stream (150,
160) as claimed in claim 18 or 19, wherein the blocks
of samples have a constant size and the blocks of
error approximations (151, 152, 153, 154) have a
variable size.

21. A method for decoding a digital data stream (150,
160) as claimed in claim 20, wherein the variable
size is a reduced size achieved through compression
of the error approximations allowing for an expansion
of number of error approximations in later blocks of
error approximations (151, 152, 153, 154).

22. A method for creating a digital data stream (150, 160)
as claimed in any one of claims 18 to 21, wherein
each block is positioned in the digital data stream
before the corresponding block of samples (158,
159).

23. A decoder (200) for decoding a digital data stream
(150, 160) comprising an audio signal, the audio sig-
nal comprising samples arranged in blocks of sam-
ples having corresponding auxiliary data (152, 153,
154), wherein the most significant bits of the samples
hold audio data, the decoder (200) comprising
means for retrieving the auxiliary data (152, 153,
154) from lower significant bits of the samples of the
blocks of samples (158, 159) to which the auxiliary
data (152, 153, 154) corresponds, characterized in
that the auxiliary data (152, 153, 154) comprises a
general purpose decode data section (154) indicat-
ing presence of an index list and an error table, an
index list (152) and an error table (153), wherein the
error table comprises approximations of errors of an
error stream generated during an encoding step re-
sulting in the audio data of the samples of the audio
signal, wherein the index list comprises references
to the error table for every error of the error stream
and thereby represents an approximated error
stream, wherein the index list and the error table are
used to correct the errors of the samples of the block
of samples (158, 159).

24. A decoder (200) for decoding a digital data stream
(150, 160) as claimed in claim 23, wherein the errors
of the samples were created by a sample rate reduc-
tion during a creation of the audio signal.

25. A decoder (200) for decoding a digital data stream
(150, 160) as claimed in claim 23 or 24, wherein each
block of samples (158, 159) has a corresponding
block of error approximations (151, 152, 153, 154)
and each block of error approximations (151, 152,
153, 154) comprises a sync pattern (151), a general
purpose decode data section (154), an index list
(152), and an error table (153).

26. A decoder (200) for decoding a digital data stream
(150, 160) as claimed in claim 25, wherein the sync
pattern (151) is a repeated pattern of a sequence of
bits.

27. A decoder (200) for decoding a digital data stream
(150, 160) as claimed in claim 25 or 26, wherein the
blocks of samples (158, 159) have a constant size
and the blocks of error approximations (151, 152,
153, 154) have a variable size.

28. A decoder (200) for decoding a digital data stream
(150, 160) as claimed in claim 27, wherein the vari-
able size is a reduced size achieved through com-
pression of the error approximations allowing for an
expansion of number of error approximations in later
blocks of error approximations (151, 152, 153, 154).

29. A decoder (200) for creating a digital data stream
(150, 160) as claimed in any one of claims 25 to 28,
wherein each block is positioned in the digital data
stream before the corresponding block of samples
(158, 159).

30. A playback device comprising a decoder (200) as
claimed in claim 23.

31. A recording medium comprising a digital data set as
obtained by the method as claimed in any one of the
claims 1 to 7.

32. A digital data set as obtained by the method as
claimed in any one of the claims 1 to 7.

Patentansprüche

1. Verfahren zum Erzeugen eines digitalen Daten-
stroms (150, 160), der ein Audiosignal umfasst, wo-
bei das Audiosignal Abtastungen umfasst, die in Blö-
cken von Abtastungen (158, 159) angeordnet sind,
die entsprechende Hilfsdaten (152, 153, 154) auf-
weisen, wobei die signifikantesten Bits der Abtas-
tungen Audiodaten halten, wobei die Hilfsdaten
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(152, 153, 154) in weniger signifikanten Bits der Ab-
tastungen in den Blöcken von Abtastungen (158,
159) gespeichert sind, denen die Hilfsdaten (152,
153, 154) entsprechen, dadurch gekennzeichnet,
dass die Hilfsdaten (152, 153, 154) einen Allzweck-
decodierungs-Datenabschnitt (154) umfassen, der
das Vorhandensein eines Indexverzeichnisses und
einer Fehlertabelle, eines Indexverzeichnisses
(152) und einer Fehlertabelle (153) anzeigt, wobei
die Fehlertabelle Näherungswerte von Fehlern eines
Fehlerstroms umfasst, der während eines Codier-
schrittes erzeugt wird, der zu den Audiodaten der
Abtastungen des Audiosignals führt, wobei das In-
dexverzeichnis für jeden Fehler des Fehlerstroms
Bezüge zu der Fehlertabelle umfasst und dadurch
einen angenäherten Fehlerstrom darstellt.

2. Verfahren zum Erzeugen eines digitalen Daten-
stroms (150, 160) nach Anspruch 1, wobei die Fehler
der Abtastungen durch eine Abtastratenverringe-
rung während eines Erzeugens des Audiosignals er-
zeugt werden.

3. Verfahren zum Erzeugen eines digitalen Daten-
stroms (150, 160) nach Anspruch 2, wobei jeder
Block von Abtastungen (158, 159) einen entspre-
chenden Block von Fehlerannäherungen (151, 152,
153, 154) aufweist und jeder Block von Fehlerannä-
herungen (151, 152, 153, 154) ein Synchronisations-
muster (151), einen Allzweckdecodierungs-Daten-
abschnitt (154), ein Indexverzeichnis (152) und eine
Fehlertabelle (153) umfasst.

4. Verfahren zum Erzeugen eines digitalen Daten-
stroms (150, 160) nach Anspruch 3, wobei das Syn-
chronisationsmuster (151) ein wiederholtes Muster
aus einer Abfolge von Bits ist.

5. Verfahren zum Erzeugen eines digitalen Daten-
stroms (150, 160) nach Anspruch 3 oder 4, wobei
die Blöcke von Abtastungen (158, 159) eine kon-
stante Größe aufweisen und die Blöcke von Feh-
lerannäherungen (151, 152, 153, 154) eine variable
Größe aufweisen.

6. Verfahren zum Erzeugen eines digitalen Daten-
stroms (150, 160) nach Anspruch 5, wobei die vari-
able Größe eine verringerte Größe ist, die durch
Komprimierung der Fehlerannäherungen (153) er-
zielt wird, was eine Vergrößerung der Anzahl an Feh-
lerannäherungen (153) in späteren Blöcken von
Fehlerannäherungen (151, 152, 153, 154) ermög-
licht.

7. Verfahren zum Erzeugen eines digitalen Daten-
stroms (150, 160) nach einem der Ansprüche 3 bis
6, wobei jeder Block in dem digitalen Datenstrom vor
dem entsprechenden Block von Abtastungen (158,

159) positioniert wird.

8. Codiereinrichtung (10) zum Erzeugen eines digita-
len Datenstroms (150, 160), der ein Audiosignal um-
fasst, wobei das Audiosignal Abtastungen umfasst,
die in Blöcken von Abtastungen (158, 159) angeord-
net sind, die entsprechende Hilfsdaten (152, 153,
154) aufweisen, wobei die signifikantesten Bits der
Abtastungen Audiodaten halten, wobei die Hilfsda-
ten (152, 153, 154) in weniger signifikanten Bits der
Abtastungen der Blöcke von Abtastungen (158, 159)
gespeichert sind, denen die Hilfsdaten (152, 153,
154) entsprechen, dadurch gekennzeichnet, dass
die Hilfsdaten (152, 153, 154) einen Allzweckdeco-
dierungs-Datenabschnitt (154) umfassen, der das
Vorhandensein eines Indexverzeichnisses und ei-
ner Fehlertabelle, eines Indexverzeichnisses (152)
und einer Fehlertabelle (153) anzeigt, wobei die Feh-
lertabelle Näherungswerte von Fehlern eines Feh-
lerstroms umfasst, der während eines Codierschrit-
tes erzeugt wird, der zu den Audiodaten der Abtas-
tungen des Audiosignals führt, wobei das Indexver-
zeichnis für jeden Fehler des Fehlerstroms Bezüge
zu der Fehlertabelle umfasst und dadurch einen an-
genäherten Fehlerstrom darstellt.

9. Codiereinrichtung (10) nach Anspruch 8, wobei die
Fehler der Abtastungen durch eine Abtastratenver-
ringerung während eines Erzeugens des Audiosig-
nals erzeugt werden.

10. Codiereinrichtung (10) zum Erzeugen eines digita-
len Datenstroms (150, 160) nach Anspruch 8, wobei
jeder Block von Abtastungen (158, 159) einen ent-
sprechenden Block von Fehlerannäherungen (151,
152, 153, 154) aufweist und jeder Block von Feh-
lerannäherungen (151, 152, 153, 154) ein Synchro-
nisationsmuster (151), einen Allzweckdecodie-
rungs-Datenabschnitt (154), ein Indexverzeichnis
(152) und eine Fehlertabelle (153) umfasst.

11. Codiereinrichtung (10) zum Erzeugen eines digita-
len Datenstroms (150, 160) nach Anspruch 10, wo-
bei das Synchronisationsmuster (151) ein wieder-
holtes Muster aus einer Abfolge von Bits ist.

12. Codiereinrichtung (10) zum Erzeugen eines digita-
len Datenstroms (150, 160) nach Anspruch 10 oder
11, wobei die Blöcke von Abtastungen (158, 159)
eine konstante Größe aufweisen und die Blöcke von
Fehlerannäherungen (151, 152, 153, 154) eine va-
riable Größe aufweisen.

13. Codiereinrichtung (10) zum Erzeugen eines digita-
len Datenstroms (150, 160) nach Anspruch 12, wo-
bei die variable Größe eine verringert Größe ist, die
durch Komprimierung der Fehlerannäherungen er-
zielt wird, was eine Vergrößerung der Anzahl an Feh-
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lerannäherungen in späteren Blöcken von Fehleran-
näherungen (151, 152, 153, 154) ermöglicht.

14. Codiereinrichtung (10) zum Erzeugen eines digita-
len Datenstroms (150, 160) nach einem der Ansprü-
che 10 bis 13, wobei jeder Block in dem digitalen
Datenstrom vor dem entsprechenden Block von Ab-
tastungen (158, 159) positioniert ist.

15. Digitalsignalverarbeitungsvorrichtung, eine Codier-
einrichtung (10) nach Anspruch 14 umfassend.

16. Verfahren zum Decodieren eines digitalen Daten-
stroms (150, 160), der ein Audiosignal umfasst, wo-
bei das Audiosignal Abtastungen umfasst, die in Blö-
cken von Abtastungen (158, 159) angeordnet sind,
die entsprechende Hilfsdaten (152, 153, 154) auf-
weisen, wobei die signifikantesten Bits der Abtas-
tungen Audiosignale halten, wobei die Hilfsdaten
(152, 153, 154) von weniger signifikanten Bits der
Abtastungen in den Blöcken von Abtastungen (158,
159) abgeleitet werden, denen die Hilfsdaten (152,
153, 154) entsprechen, dadurch gekennzeichnet,
dass die Hilfsdaten (152, 153, 154) einen Allzweck-
decodierungs-Datenabschnitt (154) umfassen, der
das Vorhandensein eines Indexverzeichnisses und
einer Fehlertabelle, eines Indexverzeichnisses
(152) und eine Fehlertabelle (153) anzeigt, wobei
die Fehlertabelle Näherungswerte von Fehlern eines
Fehlerstroms umfasst, der während eines Codier-
schrittes erzeugt wird, der zu den Audiodaten der
Abtastungen des Audiosignals führt, wobei das In-
dexverzeichnis für jeden Fehler des Fehlerstroms
Bezüge zu der Fehlertabelle umfasst und dadurch
einen angenäherten Fehlerstrom darstellt, wobei
das Indexverzeichnis und die Fehlertabelle verwen-
det werden, um die Fehler der Abtastungen der Blö-
cke von Abtastungen (158, 159) zu korrigieren.

17. Verfahren zum Decodieren eines digitalen Daten-
stroms (150, 160) nach Anspruch 16, wobei die Feh-
ler der Abtastungen durch eine Abtastratenverringe-
rung während eines Erzeugens des Audiosignals er-
zeugt werden.

18. Verfahren zum Decodieren eines digitalen Daten-
stroms (150, 160) nach Anspruch 16 oder 17, wobei
jeder Block von Abtastungen (158, 159) einen ent-
sprechenden Block von Fehlerannäherungen (151,
152, 153, 154) aufweist und jeder Block von Feh-
lerannäherungen (151, 152, 153, 154) ein Synchro-
nisationsmuster (151), einen Allzweckdecodie-
rungs-Datenabschnitt (154), ein Indexverzeichnis
(152) und eine Fehlertabelle (153) umfasst.

19. Verfahren zum Decodieren eines digitalen Daten-
stroms (150, 160) nach Anspruch 18, wobei das Syn-
chronisationsmuster (151) ein wiederholtes Muster

aus einer Abfolge von Bits ist.

20. Verfahren zum Decodieren eines digitalen Daten-
stroms (150, 160) nach Anspruch 18 oder 19, wobei
die Blöcke von Abtastungen eine konstante Größe
aufweisen und die Blöcke von Fehlerannäherungen
(151, 152, 153, 154) eine variable Größe aufweisen.

21. Verfahren zum Decodieren eines digitalen Daten-
stroms (150, 160) nach Anspruch 20, wobei die va-
riable Größe eine verringerte Größe ist, die durch
Komprimierung der Fehlerannäherungen erzielt
wird, was eine Vergrößerung der Anzahl an Feh-
lerannäherungen in späteren Blöcken von Fehleran-
näherungen (151, 152, 153, 154) ermöglicht.

22. Verfahren zum Erzeugen eines digitalen Daten-
stroms (150, 160) nach einem der Ansprüche 18 bis
21, wobei jeder Block in dem digitalen Datenstrom
vor dem entsprechenden Block von Abtastungen
(158, 159) positioniert ist.

23. Decodiereinrichtung (200) zum Decodieren eines di-
gitalen Datenstroms (150, 160), der ein Audiosignal
umfasst, wobei das Audiosignal Abtastungen um-
fasst, die in Blöcken von Abtastungen angeordnet
sind, die entsprechende Hilfsdaten (152, 153, 154)
aufweisen, wobei die signifikantesten Bits der Ab-
tastungen Audiodaten halten, wobei die Decodier-
vorrichtung (200) Mittel zum Abrufen der Hilfsdaten
(152, 153, 154) von weniger signifikanten Bits der
Abtastungen der Blöcke von Abtastungen (158, 159)
umfasst, denen die Hilfsdaten (152, 153, 154) ent-
sprechen, dadurch gekennzeichnet, dass die
Hilfsdaten (152, 153, 154) einen Allzweckdecodie-
rungs-Datenabschnitt (154) umfassen, der das Vor-
handensein eines Indexverzeichnisses und einer
Fehlertabelle, eines Indexverzeichnisses (152) und
einer Fehlertabelle (153) anzeigt, wobei die Fehler-
tabelle Näherungswerte von Fehlern eines Fehler-
stroms umfasst, der während eines Codierschrittes
erzeugt wird, der zu den Audiodaten der Abtastun-
gen des Audiosignals führt, wobei das Indexver-
zeichnis für jeden Fehler des Fehlerstroms Bezüge
zu der Fehlertabelle umfasst und dadurch einen an-
genäherten Fehlerstrom darstellt, wobei das Index-
verzeichnis und die Fehlertabelle verwendet wer-
den, um die Fehler der Abtastungen der Blöcke von
Abtastungen (158, 159) zu korrigieren.

24. Decodiereinrichtung (200) zum Decodieren eines di-
gitalen Datenstroms (150, 160) nach Anspruch 23,
wobei die Fehler der Abtastungen durch eine Abta-
stratenverringerung während eines Erzeugens des
Audiosignals erzeugt wurden.

25. Decodiereinrichtung (200) zum Decodieren eines di-
gitalen Datenstroms (150, 160) nach Anspruch 23

47 48 



EP 2 328 364 B1

26

5

10

15

20

25

30

35

40

45

50

55

oder 24, wobei jeder Block von Abtastungen (158,
159) einen entsprechenden Block von Fehlerannä-
herungen (151, 152, 153, 154) aufweist und jeder
Block von Fehlerannäherungen (151, 152, 153, 154)
ein Synchronisationsmuster (151), einen Allzweck-
decodierungs-Datenabschnitt (154), ein Indexver-
zeichnis (152) und eine Fehlertabelle (153) umfasst.

26. Decodiereinrichtung (200) zum Decodieren eines di-
gitalen Datenstroms (150, 160) nach Anspruch 25,
wobei das Synchronisationsmuster (151) ein wieder-
holtes Muster aus einer Abfolge von Bits ist.

27. Decodiereinrichtung (200) zum Decodieren eines di-
gitalen Datenstroms (150, 160) nach Anspruch 25
oder 26, wobei die Blöcke von Abtastungen (158,
159) eine konstante Größe aufweisen und die Blöcke
von Fehlerannäherungen (151, 152, 153, 154) eine
variable Größe aufweisen.

28. Decodiereinrichtung (200) zum Decodieren eines di-
gitalen Datenstroms (150, 160) nach Anspruch 27,
wobei die variable Größe eine verringerte Größe ist,
die durch Komprimierung der Fehlerannäherungen
erzielt wird, was eine Vergrößerung der Anzahl an
Fehlerannäherungen in späteren Blöcken von Feh-
lerannäherungen (151, 152, 153, 154) ermöglicht.

29. Decodiereinrichtung (200) zum Erzeugen eines di-
gitalen Datenstroms (150, 160) nach einem der An-
sprüche 25 bis 28, wobei jeder Block in dem digitalen
Datenstrom vor dem entsprechenden Block von Ab-
tastungen (158, 159) positioniert wird.

30. Abspielgerät, eine Decodiereinrichtung (200) nach
Anspruch 23 umfassend.

31. Aufzeichnungsmedium, einen digitalen Datensatz
umfassend, wie er durch das Verfahren nach einem
der Ansprüche 1 bis 7 erzielt wird.

32. Digitaler Datensatz, wie er durch das Verfahren nach
einem der Ansprüche 1 bis 7 erzielt wird.

Revendications

1. Procédé pour créer un flux de données numériques
(150, 160) comprenant un signal audio, le signal
audio comprenant des échantillons agencés dans
des blocs d’échantillons (158, 159) comportant des
données auxiliaires correspondantes (152, 153,
154), dans lequel les bits les plus significatifs des
échantillons contiennent des données audio, les
données auxiliaires (152, 153, 154) étant stockées
dans des bits moins significatifs des échantillons
dans les blocs d’échantillons (158, 159) auxquels
les données auxiliaires (152, 153, 154) correspon-

dent, caractérisé en ce que les données auxiliaires
(152, 153, 154) comprennent une section de don-
nées de décodage d’usage général (154) indiquant
la présence d’une liste d’index et d’une table d’er-
reurs, une liste d’index (152) et une table d’erreurs
(153), dans lequel la table d’erreurs comprend des
approximations d’erreurs d’un flux d’erreurs généré
au cours d’une étape de codage résultant en les don-
nées audio des échantillons du signal audio, dans
lequel la liste d’index comprend des références à la
table d’erreurs pour chaque erreur du flux d’erreurs
et représente ainsi un flux d’erreurs approximées.

2. Procédé pour créer un flux de données numériques
(150, 160) selon la revendication 1, dans lequel les
erreurs des échantillons sont créées par une réduc-
tion de la fréquence d’échantillonnage lors d’une
création du signal audio.

3. Procédé pour créer un flux de données numériques
(150, 160) selon la revendication 2, dans lequel cha-
que bloc d’échantillons (158, 159) comporte un bloc
d’approximations d’erreurs correspondant (151,
152, 153, 154) et chaque bloc d’approximations d’er-
reurs (151, 152, 153, 154) comprend un motif de
synchronisation (151), une section de données de
décodage d’usage général (154), une liste d’index
(152), et une table d’erreurs (153).

4. Procédé pour créer un flux de données numériques
(150, 160) selon la revendication 3, dans lequel le
motif de synchronisation (151) est un motif répété
d’une séquence de bits.

5. Procédé pour créer un flux de données numériques
(150, 160) selon la revendication 3 ou 4, dans lequel
les blocs d’échantillons (158, 159) ont une taille
constante et les blocs d’approximations d’erreurs
(151, 152, 153, 154) ont une taille variable.

6. Procédé pour créer un flux de données numériques
(150, 160) selon la revendication 5, dans lequel la
taille variable est une taille réduite obtenue par com-
pression des approximations d’erreurs (153) per-
mettant une expansion du nombre d’approximations
d’erreurs (153) dans des blocs d’approximations
d’erreurs ultérieurs (151, 152, 153, 154).

7. Procédé pour créer un flux de données numériques
(150, 160) selon l’une quelconque des revendica-
tions 3 à 6, dans lequel chaque bloc est positionné
dans le flux de données numériques avant le bloc
d’échantillons correspondant (158, 159).

8. Codeur (10) pour créer un flux de données numéri-
ques (150, 160) comprenant un signal audio, le si-
gnal audio comprenant des échantillons agencés
dans des blocs d’échantillons (158, 159) comportant
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des données auxiliaires correspondantes (152, 153,
154), dans lequel les bits les plus significatifs des
échantillons contiennent des données audio, les
données auxiliaires (152, 153, 154) étant stockées
dans des bits moins significatifs des échantillons des
blocs d’échantillons (158, 159) auxquels les don-
nées auxiliaires (152, 153, 154) correspondent, ca-
ractérisé en ce que les données auxiliaires (152,
153, 154) comprennent une section de données de
décodage d’usage général (154) indiquant la pré-
sence d’une liste d’index et d’une table d’erreurs,
une liste d’index (152) et une table d’erreurs (153),
dans lequel la table d’erreurs comprend des approxi-
mations d’erreurs d’un flux d’erreurs généré au cours
d’une étape de codage résultant en les données
audio des échantillons du signal audio, dans lequel
la liste d’index comprend des références à la table
d’erreurs pour chaque erreur du flux d’erreurs et re-
présente ainsi un flux d’erreurs approximées.

9. Codeur (10) selon la revendication 8, dans lequel
les erreurs des échantillons sont créées par une ré-
duction de la fréquence d’échantillonnage lors d’une
création du signal audio.

10. Codeur pour créer un flux de données numériques
(150, 160) selon la revendication 8, dans lequel cha-
que bloc d’échantillons (158, 159) comporte un bloc
d’approximations d’erreurs correspondant (151,
152, 153, 154) et chaque bloc d’approximations d’er-
reurs (151, 152, 153, 154) comprend un motif de
synchronisation (151), une section de données de
décodage d’usage général (154), une liste d’index
(152), et une table d’erreurs (153).

11. Codeur (10) pour créer un flux de données numéri-
ques (150, 160) selon la revendication 10, dans le-
quel le motif de synchronisation est un motif répété
d’une séquence de bits.

12. Codeur (10) pour créer un flux de données numéri-
ques (150, 160) selon la revendication 10 ou 11,
dans lequel les blocs d’échantillons (158, 159) ont
une taille constante et les blocs d’approximations
d’erreurs (151, 152, 153, 154) ont une taille variable.

13. Codeur (10) pour créer un flux de données numéri-
ques (150, 160) selon la revendication 12, dans le-
quel la taille variable est une taille réduite obtenue
par compression des approximations d’erreurs per-
mettant une expansion du nombre d’approximations
d’erreurs dans des blocs d’approximations d’erreurs
ultérieurs (151, 152, 153, 154).

14. Codeur (10) pour créer un flux de données numéri-
ques (150, 160) selon l’une quelconque des reven-
dications 10 à 13, dans lequel chaque bloc est po-
sitionné dans le flux de données numériques avant

le bloc d’échantillons correspondant (158, 159).

15. Dispositif de traitement de signal numérique com-
prenant un codeur (10) selon la revendication 14.

16. Procédé pour décoder un flux de données numéri-
ques (150, 160) comprenant un signal audio, le si-
gnal audio comprenant des échantillons agencés
dans des blocs d’échantillons (158, 159) comportant
des données auxiliaires correspondantes (152, 153,
154), dans lequel les bits les plus significatifs des
échantillons contiennent des données audio, les
données auxiliaires (152, 153, 154) étant récupé-
rées à partir de bits moins significatifs des échan-
tillons dans les blocs d’échantillons (158, 159) aux-
quels les données auxiliaires (152, 153, 154) corres-
pondent, caractérisé en ce que les données auxi-
liaires (152, 153, 154) comprennent une section de
données de décodage d’usage général (154) indi-
quant la présence d’une liste d’index et d’une table
d’erreurs, une liste d’index (152) et une table d’er-
reurs (153), dans lequel la table d’erreurs comprend
des approximations d’erreurs d’un flux d’erreurs gé-
néré au cours d’une étape de codage résultant en
les données audio des échantillons du signal audio,
dans lequel la liste d’index comprend des références
à la table d’erreurs pour chaque erreur du flux d’er-
reurs et représente ainsi un flux d’erreurs approxi-
mées, dans lequel la liste d’index et la table d’erreurs
sont utilisées pour corriger les erreurs des échan-
tillons du bloc d’échantillons (158, 159).

17. Procédé pour décoder un flux de données numéri-
ques (150, 160) selon la revendication 16, dans le-
quel les erreurs des échantillons ont été créées par
une réduction de la fréquence d’échantillonnage lors
d’une création du signal audio.

18. Procédé pour décoder un flux de données numéri-
ques (150, 160) selon la revendication 16 ou 17,
dans lequel chaque bloc d’échantillons (158, 159)
comporte un bloc d’approximations d’erreurs corres-
pondant (151, 152, 153, 154) et chaque bloc d’ap-
proximations d’erreurs (151, 152, 153, 154) com-
prend un motif de synchronisation (151), une section
de données de décodage d’usage général (154), une
liste d’index (152), et une table d’erreurs (153).

19. Procédé pour décoder un flux de données numéri-
ques (150, 160) selon la revendication 18, dans le-
quel le motif de synchronisation (151) est un motif
répété d’une séquence de bits.

20. Procédé pour décoder un flux de données numéri-
ques (150, 160) selon la revendication 18 ou 19,
dans lequel les blocs d’échantillons ont une taille
constante et les blocs d’approximations d’erreurs
(151, 152, 153, 154) ont une taille variable.
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21. Procédé pour décoder un flux de données numéri-
ques (150, 160) selon la revendication 20, dans le-
quel la taille variable est une taille réduite obtenue
par compression des approximations d’erreurs per-
mettant une expansion du nombre d’approximations
d’erreurs dans des blocs d’approximations d’erreurs
ultérieurs (151, 152, 153, 154).

22. Procédé pour créer un flux de données numériques
(150, 160) selon l’une quelconque des revendica-
tions 18 à 21, dans lequel chaque bloc est positionné
dans le flux de données numériques avant le bloc
d’échantillons correspondant (158, 159).

23. Décodeur (200) pour décoder un flux de données
numériques (150, 160) comprenant un signal audio,
le signal audio comprenant des échantillons agen-
cés dans des blocs d’échantillons comportant des
données auxiliaires correspondantes (152, 153,
154), dans lequel les bits les plus significatifs des
échantillons contiennent des données audio, le dé-
codeur (200) comprenant un moyen pour récupérer
les données auxiliaires (152, 153, 154) à partir de
bits moins significatifs des échantillons des blocs
d’échantillons (158, 159) auxquels les données auxi-
liaires (152, 153, 154) correspondent, caractérisé
en ce que les données auxiliaires (152, 153, 154)
comprennent une section de données de décodage
d’usage général (154) indiquant la présence d’une
liste d’index et d’une table d’erreurs, une liste d’index
(152) et une table d’erreurs (153), dans lequel la ta-
ble d’erreurs comprend des approximations d’er-
reurs d’un flux d’erreurs généré au cours d’une étape
de codage résultant en les données audio des
échantillons du signal audio, dans lequel la liste d’in-
dex comprend des références à la table d’erreurs
pour chaque erreur du flux d’erreurs et représente
ainsi un flux d’erreurs approximées, dans lequel la
liste d’index et la table d’erreurs sont utilisées pour
corriger les erreurs des échantillons du bloc d’échan-
tillons (158, 159).

24. Décodeur (200) pour décoder un flux de données
numériques (150, 160) selon la revendication 23,
dans lequel les erreurs des échantillons ont été
créées par une réduction de la fréquence d’échan-
tillonnage lors d’une création du signal audio.

25. Décodeur (200) pour décoder un flux de données
numériques (150, 160) selon la revendication 23 ou
24, dans lequel chaque bloc d’échantillons (158,
159) comporte un bloc d’approximations d’erreurs
correspondant (151, 152, 153, 154) et chaque bloc
d’approximations d’erreurs (151, 152, 153, 154)
comprend un motif de synchronisation (151), une
section de données de décodage d’usage général
(154), une liste d’index (152), et une table d’erreurs
(153).

26. Décodeur (200) pour décoder un flux de données
numériques (150, 160) selon la revendication 25,
dans lequel le motif de synchronisation (151) est un
motif répété d’une séquence de bits.

27. Décodeur (200) pour décoder un flux de données
numériques (150, 160) selon la revendication 25 ou
26, dans lequel les blocs d’échantillons (158, 159)
ont une taille constante et les blocs d’approximations
d’erreurs (151, 152, 153, 154) ont une taille variable.

28. Décodeur (200) pour décoder un flux de données
numériques (150, 160) selon la revendication 27,
dans lequel la taille variable est une taille réduite
obtenue par compression des approximations d’er-
reurs permettant une expansion du nombre d’ap-
proximations d’erreurs dans des blocs d’approxima-
tions d’erreurs ultérieurs (151, 152, 153, 154).

29. Décodeur (200) pour créer un flux de données nu-
mériques (150, 160) selon l’une quelconque des re-
vendications 25 à 28, dans lequel chaque bloc est
positionné dans le flux de données numériques
avant le bloc d’échantillons correspondant (158,
159).

30. Dispositif de reproduction comprenant un décodeur
(200) selon la revendication 23.

31. Support d’enregistrement comprenant un ensemble
de données numériques obtenu par le procédé selon
l’une quelconque des revendications 1 à 7.

32. Ensemble de données numériques tel qu’obtenu par
le procédé selon l’une quelconque des revendica-
tions 1 à 7.
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